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Section 1
Introduction

A destination directed packet switch (DDPS) for future advanced satellite
communications employs a simple routing concept based on the routing information
contained in individual packet headers. Several institutions, including the Lewis
Research Center of National Aeronautics and Space Administration, are currently
developing a proof-of-concept DDPS to exploit its capabilities for providing future
multimedia user services. One critical issue in DDPS development is a procedure of
testing such a system under various simulated traffic environments. Although some
commercial test equipment are currently available for testing general purpose switching
systems and Asynchronous Transfer Mode (ATM) switches, they are often constrained
by simple traffic models, fixed packet formats, and no dynamic control of traffic sources.
The purpose of this study is to investigate a design concept of traffic generator to be
used for tesing an on-board DDPS in a testbed environment.

The major functions of the DDPS testbed include traffic generation, verification of
switching/traffic management protocols, and performance measurements. To test a
high-speed DDPS, the traffic generators must be capable of creating an actual traffic
load with different characteristics in real time. These traffic generators can generate
traffic patterns, which emulate the behaviors of real traffic sources, for testing the
switching function of the DDPS and incorporate a traffic source response procedure to
congestion for testing congestion control algorithms. Switching and congestion control
are considered to be two of the most critical design elements for an on-board DDPS [1-1].
In addition, the traffic generators can be used to evaluate switch performance, properly
size the on-board buffer, evaluate the performance of traffic management functions such
as admission control, priority control, and capacity allocation for sources with different
characteristics, and measure the traffic performance through the satellite network.

In this study, two types of traffic sources are considered: voice and data. Various
queueing modeling techniques are investigated to characterize a single source and
multiplexed traffic sources, which include a constant bit rate process, Poisson process,
Geometric process, batch Poisson process, Hyperexponential process, on-off process, and
modulated Markov Poisson process. The stochastic process parameters for a single voice
channel are well documented; however, it is not easy to choose the parameters for
multiplexed voice and data traffic. To aid the user to select the stochastic process
parameters, alternative procedures of fitting the measurement results from real traffic
sources to a queueing model are also addressed.

The report includes alternate approaches of implementing a traffic generator. The
hardware/software requirements for different approaches are compared. The necessary
modification of the traffic generator to incorporate a traffic source response procedure to
congestion is addressed. Also presented are the configuration for the testbed and the
functionalities of its components, including traffic generators, a network simulator, a
network controller, and packet receivers.



This report is organized as follows.

Section 2 describes the satellite network requirements which include the reference
network architecture and packet formats and includes suggestions for the development
of a refined archtiectrue. It also summarizes the key functional requirements and
features of the traffic generator.

Section 3 presents a number of queueing models to characterize data and voice traffic
patterns. Alternate procedures of fitting a measured traffic pattern from real data
traffic sources to a queueing model are also described.

Section 4 provides a trffic analysis for the DDPS based on traffic generator prameters.
The analysis procedure is used to select traffic generator parameters to induce switch
congestion in a controlled manner. An overall control procedure for DDPS testing based
on analysis and synthesis techniques is described.

Section 5 discusses different approaches of implementing a traffic generator. The
hardware/software requirements for alternate approaches are compared. The
configuration of the testbed and its components, which include traffic generators, a
network simulator, a network controller, and packet receivers, are described.




Section 2
Requirements Analysis

This section presents a description of the underlying network architecture for the data
generation study, general requirements for the traffic simulator, and technical
considerations. Analyses of key system requirements in terms of their implications and
impacts on simulator design are also addressed.

2.1 Underlying Network Architecture

The work performed in this study assumes the network architecture described in
Reference [1-1]. The satellite network under consideration operates at the 30/20-GHz
frequency band and provides flexible, low-cost mesh VSAT services to users located in
the continental United States (CONUS). The satellite antenna coverage consists of
eight fixed uplink beams and eight hopping downlink beams, where each downlink
beam visits eight dwell locations. In addition, the system may include intersatellite
links (ISLs) to support direct connection to other regions of the world. An on-board
baseband processor (OBP) provides connectivity among uplink and downlink beams as
well as ISL transmission. Figure 2-1 depicts the system concept.

The network provides voice, data, facsimile, datagram, teleconferencing, and video
communications services. To support these services, the system employs multi-
frequency time-division-multiple-access (MF-TDMA) for uplink transmission and burst
TDM for downlink. Each uplink beam contains thirty-two 2.048-Mbit/s TDMA carriers
(an aggregate transmission rate of 67 Mbit/s) with a frame period of 32 ms. Downlink
transmission is single-carrier TDM with the same capacity and frame period as the
uplink beam. The actual transmission rates for uplink and downlink will be higher
than the rates given above due to FEC coding and overhead.

On-board traffic routing is performed by a destination directed packet switch (DDPS),
which routes uplink data packets to the proper downlink beams according to the routing
information contained in the packet headers. The packet consists of 2048 bits,
corresponding to a 64 kbit/s capacity for a periodic transmission of once per frame (ie.,
2048 bits/32 ms = 64 kbit/s). To minimize the amount of on-board storage, each packet
is transmitted in sixteen subpackets, where a subpacket consists of 128 bits. The first
subpacket is a packet header, and the other fifteen subpackets contain user information.
This results in a user information rate of 60 kbit/s for a periodic transmission. The
frame structure and packet format are also shown in Figure 2-1. Since the proposed
system employs bit synchronous burst timing, no burst preamble is needed. (Note that
the actual system may require a minimum of one symbol guard time between bursts to
accommodate a non-ideal burst transient response. Also, a larger guard time must be
allocated for initial transmit timing acquisition.)
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The on-board switch performs the following functions. During Subframe 1, it receives
up to 32 header subpackets from each TDMA carrier and stores routing information in a
control memory. The subpackets in Subframe 1 and all subsequent subpackets in
Subframes 2 through 16 are routed to the proper downlink TDM buffers according to the
stored routing information. In the next frame, the control memory is refreshed with the
new routing information contained in the header subpackets of the new Subframe 1.
Downlink packet transmission is synchronized with subframe timing such that header
subpackets are transmitted in the first downlink subframe followed by 15 information
subpackets in the next subframes. To maintain subframe synchronization, subpackets
are queued in a group of 16 subpackets constituting the origital packet and transmitted
to a dwell area in the next 16 subframes. When congestion occurs, subpackets are
discarded in a group of 16 subpackets for a queued packet. On the other hand, deletion
of new subpackets (not queued subpackets) will occur on the same subpacket slot
number over 16 consecutive subframes to avoid disruption to the order of subpacket
sequence. -

The packet header structure is also depicted in Figure 2-1. A few comments are
provided on the proposed structure in the following. The satellite identification field (4
bits) in the destination bits is somewhat redundant, since the position of the beam
identification field uniquely identifies the destination satellite. The header address
provides terminal-to-terminal connection but not information of discriminating different
circuit connections between the terminals. An additional field, such as a virtual channel
number (VCN), may be included in the header to uniquely distinguish different circuit
connections. Special VCNs may be reserved for signaling purposes. Alternately,
terminal port numbers can be used but will not be as flexible as a VCN, since one
physical port may be connected to a number of data terminal equipment (DTE) via a
local area network (LAN). The use of VCN may also eliminate destination and source
terminal identification fields. A further study is recommended on the design of an
optimal header structure.

The DDPS system provides multicast/broadcast connection to different downlink beams.
However, to minimize a packet overhead, a multicast packet is broadcast to all dwell
areas of a destination beam. This gives rise a potential problem for multicasting to a
few dwell areas of multiple beams. An extreme case occurs for multicasting to a single
dwell area of each downlink beam. In this case, a single uplink packet will occupy sixty-
four downlink time slots, resulting in a 700-percent wasted downlink capacity. The
problem may be mitigated by a simple algorithm to combine point-to-point and
multicast transmission based on the amount of multicast traffic. Alternately, an on-
board multicast VCN-beam/dwell translation table may be used to alleviate the
problem.

2.2 Requirements for Traffic Simulators

The main object of this study is to develop a procedure of generating realistic traffic for
the purpose of testing a DDPS, in particular the performance of the DDPS for handling
contention and congestion situations. A possible test configuration for the DDPS is
shown in Figure 2-2. The size of the on-board switch is 8 x 8, corresponding to eight
uplink and eight downlink beams. Data packets routed to a switch output port are



sorted for downlink transmission according to eight destination dwell areas. Thus, the
DDPS provides an 8 x 64 beam/dwell area switching function.
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Figure 2-2. DDPS Test Configuration

The traffic simulators generate data packets that represent realistic communications
traffic scenarios for the mesh VSAT network. The total traffic capacity of the DDPS is
8192 packets per frame (PPF) which is equivalent to 8 beams x 32 carriers/beam x 2.048
Mbit/s/carrier = 524.288 Mbit/s. The number of traffic simulators ranges from eight to
256, each generating 1024 PPF or as little as 32 PPF. In the test configuration using
eight traffic simulators, each simulator emulates aggregate traffic from one uplink beam
at the transmission rate of 65.536 Mbit/s. In the 256-traffic simulator configuration, a
simulator emulates traffic of a single uplink TDMA carrier at 2.048 Mbit/s. In this
report, the first test configuration is considered, since it simplifies simulator
implementation as well as operation of the testbed. The simulator equipment may be
compactly packaged on a single chassis with eight simulator boards.

The traffic simulator must be capable of generating various traffic patterns to test the
performance of the DDPS hardware under normal and stressed traffic environments.
Specifically, the following features must be incorporated in the traffic simulator:

a. The packet headers must be representative of "real” communications

traffic and be continuously varying in order to emulate "real” traffic
scenarios.

[N



b. A mechanism for identifying input and output packets must be’
developed in order to trace and verify the data flow of a particular
circuit connection.

c. Upon reception of a congestion notification from the switch,-the
packet generator must implement congestion control by modifying
the traffic flow to the particular point of congestion.

d. A mechanism for forcing congestion to occur at any dwell must be
identified.

e. A mechanism for forcing multicasting and broadcasting must be
identified.

For Item a, Section 3 of this report presents various candidate traffic models which have
been used in the past to model realistic traffic flows and recommends a particular model
for potential implementation.

Item b requires the use of a VCN (or other equivalent techniques) and a packet sequence
number (PSN) to uniquely distinguish different circuit connections and to trace a
sequential packet flow or to identify the packets discarded by the switch during
congestion.

Item ¢ may be implemented in conjunction with the network control function. The
network controller, depicted in Figure 2-2, continuously monitors on-board queue status
in the downlink TDM buffer, makes decisions on when to perform congestion control
based on its internal algorithm, and implements satellite link propagation delay for
congestion control messages to be delivered to the traffic simulators. The congestion
control message consists of the following:

e Identification of the downlink beam or dwell area for congestion
control

e Traffic volume adjustment factor o (o > 1 to increase traffic, x < 1 to
decrease traffic)

The traffic simulator simply modifies its traffic flow based on the congestion control
message supplied by the network controller. In the operational system, the above
congestion control functions performed by the network controller may reside within user
terminals. However, the proposed technique allows centralized control of the test
configuration and provides flexibility of changing a control mechanism as desired.

Item d may be regarded as a traffic synthesis problem, i.e., to set up traffic simulator
parameters such that congestion occurs at a selected beam or dwell area in a controlled
manner. Possibly, the best measure to quantify the degree of congestion is a packet loss
ratio (PLR) which is directly related to the amount of traffic flow. Section 4 describes a
procedure of generating a set of traffic simulator parameters to induce congestion for a
given PLR. The types of congestion depend on the structure of downlink TDM buffers.
If a common buffer is used for all dwell area traffic within a single beam and downlink
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time slots are dynamically allocated, then beam congestion occurs. If separate buffers
are allocated for different dwell areas, congestion occurs only in certain dwell areas.
Implication of these alternative buffer designs on congestion control is further
addressed in a latter section.

Item e can be satisfied with incorporation of a multicast indication field in the packet
header.
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Section 3
Traffic Source Queueing Models

Packets arriving at the on-board DDPS are a superposition of packets of different traffic
types (such as data and voice) from ground terminals. The multiplexed, multimedia
traffic often exhibits complex, bursty, and high-variation patterns. The nature of some
data traffic types such as computer communication traffic tends to be bursty. Traffic
burstiness can be characterized by the interarrival time of successive packets within a
burst. It has been recognized that bursty traffic degrades the switch performance; as a
result, the switch buffer must be sized large enough by considering the traffic
burstiness. The bursty nature of an uplink multiplexed packet stream may result in
short term network congestion; consequently, the amount of capacity allocated for a
bursty connection must be larger than that for a less bursty connection. Accurate traffic
source models are crucial for network engineering (e.g. admission control) and
performance evaluation (e.g. packet loss ratio of the switch). In this section, different
traffic source queueing models for data, voice and multiplexed streams are investigated.

To completely analyze the performance of a DDPS, three layers of traffic flows and their
statistical behaviors and interactions need to be modeled. These three layers are calls,
bursts and packets, and they manifest themselves in different time scales. In this
study, only two layers are considered: calls and packets [3-4]. The number of calls
established for each user terminal is part of admission control or traffic management.
For data traffic, it is assumed that the number of connections from a source is fixed.
The data call setup and release traffic model will not be discussed; only packets layers
are discussed. For voice traffic, both layers are addressed. It is assumed that no call
blocking will be experienced by voice calls. Voice call arrivals and voice call duration
follow certain distributions.

This section investigates various queueing models to characterize the packet layer
traffic pattern, i.e., to generate the packet arrival time for different traffic sources in the
traffic generator. It has been recognized that to build a complete analytical model or
simulation model for different traffic types is extremely difficult [3-1]. Complex source
queueing models are simplified in this study for analytical tractability and ease of
implementation. Typical parameter values of the queueing models used in the
literature are listed if available. Some traffic models are capable of capturing the
burstiness, and others are not. The burstiness and variability of these traffic models
can be characterized by several measures: the coefficient of variance and the correlation
between packets such as index of dispersion for intervals or counts [3-1){3-2][3-3].

Among the queueing models presented in this section, the two-state Markov-Modulated
Poisson process (MMPP) is recommended for modeling the packet layer traffic pattern.
The two-state MMPP is capable of capturing traffic burstiness and correlation and is
simple for analysis. The two-state MMPP is also the most generalized and widely used
model for bursty traffic and a superposition of packetized voice and data traffic. The
two-state MMPP was used to fit the measured data from a workstation and the fitting
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result was encouraging [3-3]. Procedures of determining its associated parameters
using measurement data are also discussed.

3.1 Notations

This subsection introduces the notations and terminologies used in this report.

From the traffic source point of view, the packet interarrival time is the interval
between the beginning of the transmission of a packet and the beginning of the
transmission of the previous packet. Clearly, the interarrival time > packet
transmission (slot) time for a slotted system. From the packet receiver point of view,
the packet interarrival time is the interval between the receiving time of a packet and
the receiving time of the previous packet. The latter definition is adopted in this study.

Let Cp denote the nth packet to arrive at a queueing system, and 1, denote the arrival
time for C,,.

th = Tn - Tn-1 = interarrival time between C,, and Cy,.;.

Define a random variable t as the interarrival time. Associated with each is a
probability distribution function (PDF), i.e., A(tg) = P(t < to) and a related probability
density function a(t). The first two moments associated with the random variable t are
E(t] and E(t2]. The first moment is also referred as mean or expected value.

E[tl= j t a(t) dt, (3-1)
0

E [t2] = j' t2 a(t) dt, (3-2)
0

The variance (or dispersion) of random variable t is

var [t] = (6¢)2 = E [t2] - (E [t])2, (3-3)
and the positive square root of the variance is called the standard deviation (oy).

The renewal process is described below. Let {N(t), t > 0} corresponds to a series of points
on the time interval from O to infinity. {N(t)} is a renewal process if the interarrival
times between successive points are independently and identically distributed random
variables.

To properly characterize the variability and burstiness of different traffic models, three
measures can be used. The first is to use the coefficient of variance (CV), defined as the
ratio of standard deviation to the mean value [3-2]:
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Coefficient of Variance: CV = %. (3-4)

CV has a value 0 for the deterministic process and 1 for the Poisson Process [3-1]. CV is
useful for observing the variation of individual packet arrival time and comparing the
standard traffic sources, such as deterministic (CV = 0) and Poisson (CV = 1). Most
researchers characterize a traffic source bursty when its CV is larger than 1 (see Figure
3-1). There is no formal definition of the packet arrival process when CV is less than 1.
Although CV can be used to observe the burstiness of the packet arrival process, CV can

not measure the correlation between packets.

A

cv

Bursty Process

1 % Poisson Process

Gray Area

0 - Deterministic Process

Figure 3-1. Physical Meaning of Coefficient of Variation

The second technique to characterize burstiness is the index of dispersion for intervals
[3-3]. The index of dispersion for intervals (IDI) is a dimensionless quantity and is a
measure of the variations of the sum of packet interarrival times. Consider n random
variables (Ty, ..., Tn), where a random variable represents the interarrival time between
two successive packets. The n-th order IDI is defined as

Index of Dispersion for Intervals (IDI): J,, = var[zl(];[;f]); Tnl (3-5)

Let c(h) be the autocovariance function.

e(h) = cov(T;,Tjsp) = EL (T§ - E[T]) (Tjsn - ETD 1= E[T},Tjsn] - (E[T)2, where h
is an integer.

nl j
var{Ty + ...+ Tl =nvarT1 +2 Y, ' c(h)
j=1 h=1
Note if x and y are uncorrelated random variables, E[xy] = E[x] Ely].

If x and y are statistically independent random variables, fyy(x,y) = fx(x) f(y) and E[xy]
= E[x] Ely], where f{) is the probability density function (pdf).
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Clearly, if all n interarrival times are independent, then the variance of the n
interarrival times is equal to n times the variance of the original interarrival time. If
they are correlated, the variance will be lager than n times the variance of the original
process. The first order of IDI J; is CV2,

Jdn = 0 for all n for a deterministic process, J;, = 1 for all n for the Poisson process, and Jy,
= constant for all n for the renewal process.

Since the correlation between T; and Tj,;, becomes smaller when |hl becomes larger, J,,
will reach a limit (constant) when n is sufficiently large.

Remember that J, is to compute the variance of groups of interarrival times, where the
group size is n. If the variance of the groups of interarrival times is larger than n times
the variance of the original process, it suggests that clustering of small interarrival
times and large interarrival times occurs in different groups. This situation is largely
due to computer communications protocols such as fragmentation and client/server
paradigm [3-3]. An example of packet interarrival times is illustrated in Figure 3-2.
These interarrival times are used to compute J; and Js.

i 1 -t

Figure 3-2. Example Used to Compute IDI

First, we compute J;:
E[T,] = (10x0.01+ 10x0.5)/20=0.255
E[(T;)2] = (10x0.0001+10x0.25)/20=0.12505
var{T,] = 0.12505-0.065=0.06005
CV2 = J; = 0.06005/0.065 = 0.923

Next, we compute Jo:
E[T;+T,] =(5x0.02+ 5x1)/10 = 0.51
E[(T;+T5)2] = (5x0.0004+5x1)/10 = 0.5002
var{T,+T5] = 0.5002-0.2601= 0.2401
J2 = 0.2401/2x0.065 = 1.846
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This example clearly illustrates that CV alone is not sufficient to characterize the
packet arrival process. Although CV is equal to 0.96, the packet arrival process shown
in Figure 3-2 is very bursty.

The index of dispersion for counts (IDC) can be used to observe the variation of the
number of packet arrivals in an interval time t and is dimensionless. It is defined as the
ratio of the variance of the number of arrivals in time interval t and the mean number of
arrivals in time interval t. (Note from the Little's theorem, E[N¢] = A t, where A is the
mean packet arrival rate.)

Index of Dispersion for Counts (IDC): I = var{th] (3-6)
E[N]

To measure I;, the time axis is divided into equally spaced intervals with a value t.
Denote each interval as a bin. The number of packet arrivals collected in one bin is one
sample of N;. The sample mean and sample variance can be calculated by collecting a
sufficient number of samples. I; = 0 for a deterministic process and Iy = 1 for the
Poisson process. In general, the IDC is not a constant for a renewal process since the
number of arrivals in disjoint bins is correlated.

An example of computing IDC is illustrated in Figure 3-3. The number shown in each

box is the number of packets contained in each bin. The values of the bin are 0.1 sec
and 0.2 sec, respectively.

0.1 sec

1 1 10| 10} 8| 6 | 1 1 |10 | 10| 8| 6

Figure 3-3. Example used to Compute IDC

First, we compute Ig.1:
ENo.1)1=72/12=6
E[(No.1)2] = 604/12 = 50.33
var[No ] = 50.33-36 = 14.33
Ip.1 =2.388

Next, we compute Ig.o:
E[Ng2]l=72/6 = 12
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E[(No.2)?] = 1200/6 = 200
var{Ng o] = 200-144 = 56
Ioo=4.66

By observing that the number of packet counts in a time interval t is less than N only if
the sum of N interarrival times is larger than t, it can be proved that the limit of I; is
equal to the limit of J, [3-3], i.e.,

limt->e It = limn->e Jn 3-7)

Remember the IDC is used to compute the variance of packet counts in disjoint
intervals. A high IDC suggests that clustering of large packet counts and small packet
counts occurs at different bins. The IDC will become constant when there is no
correlation among the number of packets in different bins.

The general rule is that the higher the variability and/or burstiness, the higher the
queueing delay at the switch.

The index of dispersion can also be used to estimate the parameters for the arrival
process. Details will be provided in Section 3.5. It has been argued that tc approximate
or estimate the parameters of a traffic source, matching the index of dispersion provides
a better approximation than matching the (first two) moments of the interarrival times
[3-31(3-71[3-13].

3.2 Data Source Models

There are two basic approaches to model a data source. The first is to use a pdf to
generate the packet interarrival times. One typical example of this approach is the
Poisson traffic source. The second is to dynamically select a pdf based on the state of a
Markov chain. The first approach is simple, but it can not capture data burstiness (in
time domain). The second approach is more appropriate. The order of presentation of
the following queueing models is from simple to complex.

3.2.1 Periodic (Constant Bit Rate) Process

In general, the periodic process is used to model the circuit emulation services. For
packetized voice, typically a packet is formed by collecting speech samples in every fixed
interval. The voice packet arrivals becomes periodic. The period is equivalent to the
packetization delay. For file transfer, end-to-end flow control is necessary to regulate
the transfer rate. File transfer can also be modeled as periodic process. The peak rate
of the periodic process is the same as the average rate. There is no statistical gain of
multiplexing multiple periodic processes. The periodic process distribution is
characterized by the pdf of the packet interarrival time:

1 t=UA
0 otherwise

a(t)= { (3-8)
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where the arrival rate A is a constant. ~

ThevalueofCVis 0,and J,=0foralln,and I; = 0 for all t.

3.2.2 Poisson Process

The Poisson process is a renewal process. There are two ways of describing a Poisson
process. The first is to use the probability for the number of arrivals within a given
interval. The other is to use the interarrival time.

The probability tha.t there are N arrival packets within time t is

—At
Py(t) = Qt—l)zf—-,NZO,tZO. _ (3-9)

The mean and variance can be computed by using the probability generating function
G(z), where z is a complex variable and Izl <1.

2t
=B - 3 N A
=0 :

e Z‘z’lj.)” = e eat, (3-10)
N

From the property of the probability generating function,
d 02
G(z)lz=1=1,3, G(z) 21 =E [N], and 3 5 G(z)12-1 = E [N:2] - E [N¢] .

Therefore,

E [N¢] = At and (oNp)2 = At. (3-11)

The Poisson arrival process has exponential interarrival times. It should be mentioned
that the exponential distribution is the only continuous distribution which has the
memoryless property [3-22]. That is to say the future of an exponentially distributed
random variable is independent of the past history of the variable. The only discrete
distribution which has the same property is the Geometric distribution. The Geometric
distribution will be described later.

The probability cumulative function of interarrival time is
A)=1-Po{t)=1 — eM (3-12)

where t > 0. The probability density function is

-15-



ait)=AeM ' (3-13)

where t > 0. The mean and variance of the exponential distribution can be computed
using the Laplace transform of the distribution. 4

A(s)=E[est] = I e-st a(t) dt, where s is a complex variable and A(s)|s-0 = 1.

0
A(s) = J"e'st Ae-Mdt=A |els+Mtdt= ﬁ. (8-14)
0 0
A key use of this transform is its moment generating property, i.e.,
ok 0 -A 02 2M(A+s)
—_— = (- k 3 — - — —_ L LA nTs/;
3sK A(s)s=0 = (-Dk E[tX]. Since 3s A(s) = Os)? and 352 A(s) = Gors)t’
1 1 2
E [t =73, var{t] = (6t)2 = 2 and E [t2])= 2 (3-15)

For the Poisson process, the packet arrivals are independent. The three traffic
characterization measures are: CV=1,J,=1forallnandI; = 1forallt.

In the past, the Poisson process is widely accepted for data traffic model. The major
reason is that superposition of a larger number of two-state Markov processes will
converge to the Poisson process [3-11]. The two-state Markov process will be described
later. However, the accuracy of using the Poisson process to model the real-world data
traffic has been questioned by many researchers. Clearly, the Poisson process is not
capable of modeling a traffic pattern with a high variation or-a traffic pattern with
correlation between successive packets. Experiments were performed in Reference 3-15
to measure and analyze the traffic pattern on an Ethernet LAN. The results show that
the packet arrival process is not Poisson.

Since the destination directed packet switching (DDPS) satellite network employs
slotted operation, the continuous Poisson process must be converted to a discrete
Poisson process. Since the interarrival time of the continuous Poisson process follows
the exponential distribution, simultaneous arrivals of packets are possible. To generate
the discrete Poisson process, the continuous Poisson process is fed into a FIFO. The
FIFO generates packets at discrete slot time. The function of the FIFO is two-fold. One
is to convert continuous packet arrival times into discrete packet arrival times, where
the discrete unit is the packet slot time. The other is to convert simultaneous arrivals
into a batch of arrivals. For example, simultaneous arrivals of 3 packets becomes a
batch of 3 packets with no spacing between packets.
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A simulation model is developed to analyze the characteristics of the Poisson process.
The parameters used in the simulation is listed in Table 3-1. To completely specify the
Poisson process, only the mean packet interarrival time is required. In this example, a
mean link utilization of 0.9 is translated into a mean packet interarrival time of 0.00111
sec.

Table 3-1. Simulation Parameters for Poisson Process

PARAMETER VALUE

link speed 2.048 Mbit/sec
packet slot time 0.001 sec
packet interarrival time 0.00111 sec
mean link utilization 0.9

The simulated CV is 0.45. The simulated CV is less than the theoretical value 1. The
reason is that the continuous Poisson process has been converted into a discrete version.

Figure 3-4 shows the simulated interarrival time pdf, log scale interarrival time pdf, the
IDC and the IDI curves.
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Figure 3-4 (a). Packet Interarrival Time pdf for Poisson Process
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3.2.3 Geometric Distribution

The Poisson process is used to model the continuous data traffic source, and geometric
distribution is used to model the discrete data traffic source. Define the random
variable X to be the number of Bernoulli trials to achieve the first success.

The Bernoulli process is characterized by independent trials, and each trial has only two
outcomes (success or fail). Let the probability of success be p. The Bernoulli distribution
is defined as

p for x=1 (success)
PG = { 1-p for x=0 (fail) (3-16)

The mean and the variance of the Bernoulli process are expressed as .
Exl=1p+0(1-p)=p 3-17)

var(x] = (12 p + 02 (1-p)] - p? = p (1-p). (3-18)
For the Geometric process, the event of success is defined as the arrival of a packet, and
the number of trials is equivalent to the packet interarrival time (in slots). The pdf of X,
fy(n), is given as

fy(n) = p (1-p)n-1, n21. (3-19)
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Thée mean of random variable X (the interarrival time) can be derived either using the
probability generating function G(z) or the following procedure.

- _ oo ] _ —R— oD _ p a o0 .
EX]= ngln pl-piel= G ngbn(l-p)n = G P 3 n2=6(1-;))n

d 1 1
EX]l=p m—ﬂl—'@ = B (3-20)

To obtain var{X], tl_xe E[X2] needs to be derived first.

E[X2] = 2 n2 p(l-p)n-l= (_lin) 2 n2 (1-p)n
n=l1 n=0

R 92 — o

n=0

__P_ 1 1p 2p
-(l_p) [(l‘p)2p3+ p2]— P2

Therefore,
var[X] = E[X2] - E[X]2 = %g-) and CV=V1-p (3-21)

The Geometric distribution has been successfully used to describe the randomness of
traffic sources. It has been suggested that the arrival process for a single source in a
discrete-time (slotted) system with low-speed services (such as 32-kbit/sec voice and
data) can be considered to be pure random {3-23]. The random traffic has also been
suggested to model the background noise of a DDPS.

A simulation model is developed to analyze the characteristics of the Geometric process.
The parameters used in the simulation are listed in Table 3-2. To completely specify the
Geometric process, only the probability of success p (the link mean utilization) is
required. A mean link utilization of 0.9 is translated into a mean packet interarrival
time of 0.00111 sec. The simulated CV is 0.316. The simulated interarrival time pdf,
log scale interarrival time pdf, the IDC and the IDI curves are shown in Figure 3-5.

Table 3-2. Simulation Parameters for Geometric Process

PARAMETER VALUE

link speed 2.048 Mbit/sec
packet slot time 0.001 sec
packet interarrival time 0.00111 sec
mean link utilization 0.9
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3.2.4 Weibull Distribution

Weibull distribution was suggested in Reference [3-15] to model the bursty traffic. The
general form of Weibull distribution is

L_jl e-{a)p (3-22)

Weibull distribution can be used to fit different packet interarrival time distributions by
changing o and B. For example, when P = 1, it becomes an exponential distribution and
when B = 2, it becomes a Rayleigh distribution.

3.2.5 Batch Poisson Process

The batch Poisson process is an extension of the Poisson process. Instead of generating
single packet arrivals, the arrivals of packets are in the form of batches. The size of the
batch is a random number (r) and the interarrival time of batches follows an
exponential distribution. The number of packet arrivals in an interval t is

N(®)

Sn
i=1

The average number of packet arrivals in an interval t is E[N(t)JE[r] = At E[r]. The
batch Poisson process may be too bursty for data traffic since the packet streams are
most likely to be spaced out in time [3-7].

The IDC of a batch Poisson process is expressed as

I= "Eﬁ) + Elrj).

Assume the batch size follows the Geometric distribution. Then
fx(n) = (1-p) pr-1, n21.
N | 1+p ..
The average batch size is '1—:1')' The IDC becomes 1p° If the average batch size is b,
b-1
thenp = 5
A simulation model is developed to analyze the characteristics of the batch Poisson
process. The parameters used in the simulation are listed in Table 3-3. To completely

specify the batch process, the mean packet interarrival time and the average batch size
need to be specified.
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Table 3-3. Simulation Parameters for Batch Poisson Process

PARAMETER VALUE

link speed 2.048 Mbit/sec
packet slot time 0.001 sec
packet interarrival time 0.006666 sec
batch size 6

mean link utilization 0.9

The theoretical value of IDC is 11. The simulated CV is 1.095. The simulated
interarrival time pdf, log scale interarrival time pdf, the IDC and the IDI curves are
shown in Figure 3-6. .
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3.26 Hyperexponential Interarrival Time Process

The hyperexponential interarrival time process is a mixture of independent Poisson
processes. The hyperexponential interarrival time process is a renewal process. A

hyperexponential distribution of order k, Hy, is the weighted sum of k exponential
distributions, i.e.,

k

Pt<to)= Y, oj (1-e-Ato) (3-23)
i=1

k
where o > 0 and Zai=1.
i=1

Consider H2, where og=1- 3 .
P(t <to) = a1 (1 —e—Mto) +(1- a3) (1 — e-A2to) (3-24)

The mean and the variance of interarrival time for H2 were derived in Reference 3-3
and given as follows:

A .
EMH2 = & 2‘;;1,&2“1) M (3-25)
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2(1- o) (M)2+ 2 2.((1- 7)) A :
var [H2] = (1- 01) (A1) +2(1(1A(i»)22)(12§;1 1) A + a1 Ao)2 (3-26)

H2 was used in [3-9] to model the interarrival time of a bursty multiplexer traffic
source. Although the Hyperexponential interarrival time process can model a traffic
pattern with a high variation, it can not model a traffic pattern with correlation between
successive packets.

Note that the hyperexponential interarrival time distribution is the sum of two
independent exponential distributions. This should not be confused with obtaining the
distribution for a random variable z, where z = x + y and x and y are independent and
exponentially distributed. The pdf for z is the convolution of the pdfs of x and y.

There is another subtle difference between the exponential distribution and the
hyperexponential distribution. For the exponential distribution, prob[t<xz+ty | t>to] =
probtsx] = 1 - e*x. However, for the hyperexponential distribution, prob{tsxz+ty |t>to)
is monotonically increasing with to [3-15). This means the longer the time elapses from
the last arrival, the expected time for the next arrival is also longer.

A simulation model is developed to analyze the characteristics of the hyperexponential
interarrival time process. The parameters used in the simulation are listed in Table 3-
4. To completely specify the H2 process, two mean packet interarrival times and the
coefficient need to be specified.

Table 3-4. Simulation Parameters for Batch Poisson Process

PARAMETER VALUE
link speed 2.048 Mbit/sec
packet slot time 0.001 sec

packet interarrival time 1 0.001076 sec
packet interarrival time 2 0.00125 sec
coefficient 08

mean link utilization 0.9

The simulated CV is 1.196. The simulated interarrival time pdf, log scale interarrival
time pdf, the IDC and the IDI curves are shown in Figure 3-7.
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3.2.7 Markov-Modulated Poisson Process

The Markov-Modulated Poisson process (MMPP) was originally used to model the errors
in the {mobile) fading communications channels [3-20]. The fading channels are
modeled to be either in a normal state (with low BER) or an error state (high BER). The
normal state and error state of a fading channel alternates across time.

The error bursts of the fading channel are analogous to the traffic bursts. Therefore, the
MMPP has been suggested to be used to model the aggregate traffic from multiple
sources. In an n-state MMPP, the transition between states is based on the Markov
model. When the Markov model is in state i, the arrival process is Poisson with arrival
rate A;. The n-state MMPP is completely defined by the transition matrix and the
arrival rates (see Figure 3-8).

Figure 3-8. Two-State MMPP

There are two options of choosing the Markov model: the discrete time or the continuous
time. For a discrete time Markov model, the transitions between states only occur at
discrete time. If the traffic generator generates fixed size packets, then the discrete
time Markov model should be used; if it generates variable size packets, then the
continuous time model should be used.

The next issue is to choose the number of states. At different states, the arrival rate A of
the Poisson process is different. Most researchers have chosen the two-state Markov
models, since this model is easy to use for analysis and takes into consideration the
correlation of interarrival times between successive packets. The capability of the two-
state MMPP of modeling the burstiness and correlation between successive packets for
data traffic will be illustrated using a simulation model later.

The two-state MMPP is the most generalized and widely used traffic model to represent
the bursty traffic and a superposition of packetized voice and data traffic. The two-state
MMPP is capable of modeling burstiness and correlation of the packet arrival process
and is simple for analysis. This model is recommended for traffic simulator
implementation.
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At each slot time, the source model is either in state 1 or in state 2. In state 1, the
traffic source will generate information packets with rate A,, and in state 2, the traffic

source will generate information packets with rate A,. With the assumption of the two-

state Markov chain model, the periods of states 1 and 2 will be geometrically
distributed, with respective mean values E[T,] and E[T,] slot times.

Let P, (or P,) be the probability that the source is in state 1 (or state 2). P, (or P,) can
be expressed either using E[T;] and E[T,)] or & and B. It is clear that

E[T,] EIT,]

Pr=Em+ Em, 224 P2=ET+ E,) 3-27)

By solving the stationary equation
(- (&) [e)
, the equilibrium state probabilities can be obtained as
_B __o

Burstiness can be characterized by 1) the ratio of the peak rate to the average rate, 2)
how frequently the burst occurs, i.e., P, (assuming A, > A,), 3) how long the burst last,

ie.,T,,4)CV, 5) IDI and 6) IDC.

The mean arrival rate, the mean squared arrival rate, the variance of the arrival rate,
and the average number of packets in an interval t for a two-state MMPP are given in
[3-13]

E(0)2) = P, )2 + P, (hp)? = 222 I'PE[[?I?I]]:E(?%); ET] (3-30)
var{A] = P, P, O\, - A,)2 (3-31)
EIN;] = E[A]t. ' (3-32)
The I, has been derived in Reference [3-13), the limit of I, is given as
2E[T,]E[T2))2 (M-Ap)2 3.33)

Lo=1+ T, 1+E[Te)2 (E[T1]A+E[T2hz)

1 1
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2(E[T4]E[To])3 (A1-A2)2

Li=Il.- (BT ETy)3 (E[T 1A +ElTalig)t (€™ (3-34)
and
.-y 1l-ert
L.-1° rt (3-35)

In Reference 4-6, a K state MMPP is proposed. The arrival rate at state j is given as
Aj = G+1) Ao, (3-36)

where A is a constant and j is based on the birth-death model (M/M/V/K) with birth rate
Yj and death rate ;. Let

Y=Y, for0<j<Kand yx =0.
pj=u,for0<j<Kand pp=0.

Letp = ﬁ The probability that the process is in state j is given as

l-p .
1-.pK+1 pJ.
The average arrival rate is given as

P 1+ KpK+1 .- (K+1)pK
(1-pK+1 1-p +1) Ao.

In Reference 3-14, the superposition of homogeneous on-off processes was approximated
by a two-state MMPP. The characteristics of the on-off process will be described later.
The main arguments to support this statement are: 1) the two-state MMPP is a
correlated and nonrenewal process and 2) the model is to analyze the performance of an
ATM multiplexer. From the viewpoint of a multiplexer, the rate of the aggregate input
traffic is either higher or lower than the service rate. Therefore, the two states of the
MMPP can be used to represent the overload state and the underload state,
respectively.

Note that the superposition of the MMPP with an independent Poisson process with A3
also results in an MMPP with A; = A + A3 and Ag =Ag +A3. The superposition of
independent MMPP:s is also an MMPP [3-30].

In Reference 3-3, real traffic measurements are performed for SUN workstations
connected by an Ethernet. The measurement result was fit into a two-state MMPP.
The fitting procedure will be described later. The parameter values obtained for the
two-state MMPP are listed in Table 3-5.
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Table 3-5. Typical Parameter Values for Two-State MMPP

A1 (Usec) Ag(Usec) E[Tyl(sec) EITg](sec) link rate packet size
(Mbit/sec) (byte)

9.61 77.37 14.7 196.0 10 1500

In Reference 3-16, the MMPP is used to model ATM traffic sources. The normal state
E[T,] is in the range of 0.1 sec and 0.5 sec and A = 6407.6 cell/sec (= 2.7168 Mbit/sec
divided by 424 bits). The burst state sends out cells in a much higher, constant rate
than the normal state. To facilitate simulation, the burst state duration can use any
distribution.

A simulation model is developed to analyze the characteristics of the two-state MMPP.
The parameters used in the simulation are listed in Table 3-6. To completely specify the
two-state MMPP, four parameters are required.

Table 3-6. Simulation Parameters for Two-State MMPP

PARAMETER VALUE
link speed 2.048 Mbit/sec
packet slot time 0.001 sec
mean bursty state duration (E[T;]) 2.5 sec

1
mean bursty state interarrival time (.3-_1) 0.00102 sec
mean normal state duration (E[T2]) 0.25 sec
mean normal state interarrival time (%5) 0.01 sec
mean link utilization 09

The simulated CV is 1.245. The burstiness of the two-state MMPP is shown in Figure 3-
9a for the first 50 sec. As seen in this figure, the bursty state and the normal state
alternates across time. The simulated IDC and computed curves of the two-state MMPP
are shown in Figure 3-9 (d). The simulation time is 2000 sec. To obtain a smoother
curve for the simulated IDC, a longer simulation time is required. The limit of IDC is
computed using Equation 3-21, and the result is L. = 33.323. The simulated IDI curve
is shown in Figure 3-9 (e). It can be verified that the limit of IDC is equal to that of IDC
by comparing Figure 3-9d and Figure 3-9e.
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3.2.8 Markov-Modulated Bernoulli Process

A discrete version of the MMPP, Markov-Modulated Bernoulli process (MMBP), was
proposed in [3-18][3-28]. The durations of the state 1 and state 2 are assumed to be
geometrically distributed. In each state, the packet arrival process is Bernoulli with
loading p;. The average offered loading is

P1E[T1] + poE[T5)
= E[Tl] +E[T2] (3’37)

The probability that state 1 consists of n packets is pn-1 (1-p), where n 2 1. State 1

consists of at least one cell. The E[T;] wﬁ The probability that state 2 consists of n

cells is qn-1(1-q), where n 2 1. State 2 consists of at least one cell. The mean off state

duration E[T¢] is ']%;

A simulation model is developed to analyze the characteristics of the two-state MMBP.
The parameters used in the simulation are listed in Table 3-7. To completely specify the
two-state MMBP, four parameters are required.

-36-




Table 3-7. Simulation Parameters for Two-State MMBP

PARAMETER VALUE

link speed 2.048 Mbit/sec
packet slot time 0.001 sec

P 0.9996

P1 0.98

q 0.996

P1 0.1

mean link utilization 0.9

The simulated CV is 1.21. The simulation time is 2000 sec. The simulated interarrival
time pdf, log scale interarrival time pdf, the IDC curve, and the IDI curve are shown in

Figure 3-10.
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Figure 3-10 (a). Packet Interarrival Time pdf for Two-State MMBP
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3.2.9 Markov-Modulated Deterministic Process

A special case of the MMPP, Markov-Modulated deterministic process (MMDP), was
proposed in [3-29]. The durations of the state 1 and state 2 follow exponential
distribution. In each state, the packet arrival process is deterministic.

A simulation model is developed to analyze the characteristics of the two-state MMDP.
The parameters used in the simulation are listed in Table 3-8. To completely specify the
two-state MMDP, four parameters are required.

The simulated CV is 0.81. The simulation time is 2000 sec. The simulated interarrival

time pdf, log scale interarrival time pdf, the IDC curve, and the IDI curve are shown in
Figure 3-11.
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Table 3-8. Simulation Parameters for Two-State MMDP

PARAMETER VALUE
—— —— — —— — ————— — ——— — —— —— —— ——— —— ——————— —
link speed 2.048 Mbit/sec
packet slot time 0.001 sec
mean bursty state duration (E[T;]) 2.5 sec
bursty state deterministic interarrival time (%1) 0.00102 sec
mean normal state duration (E[T2]) 0.25 sec
normal state deterministic interarrival time (%2-) 0:01 sec
mean link utilization 0.9
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Figure 3-11 (a). Packet Interarrival Time pdf for Two-State MMDP
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3.2.10 On-Off or Interrupted Poisson Process

The on-off process is a special case of MMPP. The on-off process (or the interrupted
Poisson process) has two states: on and off. The interarrival time of the on state follows
an exponential distribution and the interarrival time of the off state follows another
(independent) exponential distribution [3-5]. In other words, the interarrival time of
bursts and burst size both follow an exponential distribution. During the on period, the
packet arrival process is Poisson. There is no traffic during the off period. The cycles of
the on-off process are a renewal process. Since the on state duration follows exponential
distribution (a memoryless process), the packet interarrival times of the on-off process
are also a renewal process. The MMPP with A; and Ap is equivalent to the superposition
of the on-off process with A1-Ag and the Poisson process with Ag.

A special case of the on-off process is to let the packet interarrival time be deterministic
during the on state. In other words, the source generates packets at a peak rate Aqp in
on state. The on state duration and the off state duration will be Geometrically
distributed, with respective mean values E[T,,] and E[Toff). Let Py, (or Pogr) be the
probability that the source is in the on state (or off state). Then

_ E[Tonl _ E[Toﬁ']
Pon = m]m and Poﬂ‘- m . (3-38)

This on-off process model is used in Reference 3-6 to model an ATM traffic source. Let
the transition probability from the off state to the on state be a and that from the on
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state to the off state be P (see Figure 3-12). The P, and Pygr can also be expressed
using a and f as follows:

P = &% and Py, =505 ~ (3-39)
o
& o
B

Figure 3-12. On-Off Process

The state transition probability « is set to ﬁ_—u—) and B is set to '11;, where b is the
average burst size (= E[T,n]) and u is equal to %% Substitute o and f into Equation 3-

39, P, becomes %1—"-] During the on (or bursty) state, cells are generated at the peak

rate = . where Tpin is the cell interarrival time during the on state. The mean

B Tmin

arrival rate is E[A] = m as given in [3-4].

The on-off process used in Reference 3-19 is similar to that in Reference 3-6 except the
on state generates cells according to the Bernoulli process.

In Reference 3-8, the periodicity of packet arrivals at the on state is investigated. In the

1 . .
on state, packets are generated at a constant rateqp—. Tmin is the packet interarrival
min

time at the on state and the average arrival rate is E[A], where E[A] =
E[Ti‘:n[]'fggToﬂ'] Tnlain . However, the distribution of the on penod may be different from
that of the off period. The on period (or off period) is a sum of independent and
identically distributed random variables. They are characterized by four parameters:
mean on period, mean off period, variance of the on period and variance of the off period.
A procedure was developed to select different distributions to match the measured mean
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and variance of the on (or off) period.” An 8 x 8 switch is used in the simulation. A
typical traffic characteristic (destined to an output port) is given in Table 3-9.

Table 3-9. Typical Parameter Values for On-Off Process

Aon (Uslot) E[Topl (slot) E[Tegl (slot) peak rate packet size
(Mbit/sec) (byte)

—_——eeeeeeeeeeeee e e —
0.1 25 37 155.52 53

In Reference 3-9, the arrival process of ATM bursts (on states) is assumed to be Poisson.
The burst size (number of cells) follows a Geometric distribution with a mean i% The
probability that a burst consists of n cells is pn-1 (1-p), where n > 1. The burst contains
at least one cell. The spacing between any two cells in a given burst has a Geometric
distribution. The probability that the interarrival time (spacing or separation) between
two consecutive information cells is n cells is yn (14), wheren = 0.

In Reference 3-10, both the on state duration and off state duration follow a Geometric
distribution. The probability that a burst consists of n cells is pn-1 (1-p), where n > 1.

The burst contains at least one cell. The mean burst length E[T,,] is ﬁ During a

burst, the packets are generated at the highest rate, i.e., the link speed. The probability
that the off duration consists of n cells is gr (1-q), where n 2 0. The mean off state

. . q - E(Ton]
duration E[T,g] is Iq The mean utilization is ElTon +E[Togl

In Reference 3-16, the bursty ATM packet traffic source is modelled by an on-off process.
The burst duration is random and the burst rate is deterministic. The off duration
follows the exponential distribution.

In Reference 3-25, the on-off process model is used to model an ATM traffic source. Let
the transition probability from the off state to the on state be o and that from the on
state to the off state be B. The E[T,y] is set to % and E[T.g] };. At the on state, the

source generates the packets according to the Poisson distribution. The off state
duration follows the Geometric distribution. The characteristics of two sample ATM
sources are listed in Table 3-10.

Table 3-10. Typical Parameter Values for On-Off Process

Aon (1/slot) E[Top] (slot) E[Tofl (slot) peak rate packet size
(Mbit/sec) (byte)

b e
10 100 155.52 53

100 1000 155.52 53




In Reference 3-12, the on-off model is ised to model various traffic sources by properly
choosing the peak rate Agpn, Ton, and Pon. For example, the constant bit rate source can
be modelled by setting Pon = 1 and Ton = call duration. The voice source can be
modelled by setting Pop, in the range of [0.4-0.5] and Ton at about 1.2 sec.

In Reference 3-26, a superposition of N on-off sources is modeled by an N-state MMPP,
where state k of the MMPP corresponds to k on sources and the arrival rate of k .

The periodic process is a special example of the on-off process. The on state duration
Ton and the off state duration Tefr are deterministic. During the on state, the packet
interarrival time is also deterministic. For a constant bit rate process, the Toff becomes
zero.

In Reference 3-14, a LAN traffic source is represented by an on-off process. The
parameter values for the on-off process are listed in Table 3-11. ~

Table 3-11. Typical Parameter Values for On-Off Process

Aon (U/sec) E[Tqnl (sec) E[Toffl (sec)  peak rate packet size
(Mbit/sec) (byte)

W

2358.5 0.13 1.17 10 53

In Reference 3-23, the characteristics of data traffic for switched multi-megabit data
service (SMDS) class 1 and class 3 services were reported. The parameter values are
listed in Table 3-12.

Table 3-12. Typical Parameter Values for On-Off Process

Aon (Uslot) E[Tonl (slot) E[Tof) (slot)  peak rate packet size
(Mbit/sec) (byte)

0.274 761 856 155.52 53

Aon (Uslot) E[Top) (slot) E[To] (slot) peak rate packet size
(Mbit/sec) (byte)

e e = e

0.274 761 5707 155.52 53

The on-off process was suggested to model packetized voice [3-13], still picture [3-27],
and interactive data service.

A simulation model is developed to analyze the characteristics of the on-off process. The

parameters used in the simulation are listed in Table 3-13. To completely specify the
on-off process, three parameters are required.
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Table 3-13. Simulation Parameters for On-Off Process

PARAMETER VALUE
m

link speed 2.048 Mbit/sec

packet slot time 0.001 sec

mean on state duration (E[Top)) 2.5 sec

deterministic on state interarrival time (L) 0.00101 sec
n

mesn off state duration (E[Tog]) 0.25 sec
mean link utilization 0.9

The simulated CV is 6.44. The simulation time is 2000 sec. The simulated interarrival
time pdf, log scale interarrival time pdf, the IDC curve, and the IDI curve are shown in
Figure 3-13.
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Figure 3-13 (a). Packet Interarrival Time pdf for On-Off Process
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Figure 3-13 (b). Log Scale Packet Interarrival Time pdf for On-Off Process
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Figure 3-13 (c). Index of Dispersion for Counts (IDC) for On-Off Process
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Figure 3-13 (d). Index of Dispersion for Intervals (IDI) for On-Off Process

3.2.11 Packet Train

The packet train uses a cluster of packets traveling in both directions between a node
pair to model the packet arrivals in a ring LAN [2-2]. There is an inter-packet gap
within a cluster. If the interarrival time of the packets is less then the gap, they are
considered to be on the same train. If not, the next packet will be the start of a new
train. The concept of the packet train is very similar to the on-off model except the
packet train also captures the dependences on the destination.

3.3 Voice Source Models

For easy analysis, the voice sources in the DDPS satellite network are assumed to be
homogeneous. The call arrival process is Poisson and the call duration follows an
exponential distribution. The amount of capacity allocated for voice connections
depends on the QOS requirement and the statistical multiplexing gain. The statistical
multiplexing gain is about 2 if more than 24 voice sources are multiplexed [3-21]. A
voice call is characterized by alternating talkspurts and silences. It is reasonable to
assume that the interval of a talkspurt and that of the successive silence are
independent. Therefore, the packet arrival process for a voice call can be modelled by a
renewal process, i.e., the packet arrival times are independent and identically
distributed. The on-off process described above has been suggested to model a single
voice source. The characteristics of a voice source is given in Table 3-14 [3-12] [3-24].
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Table 3-14. Typical Parameter Values for Voice Source

Aon (U/sec) E[T,n)(sec) E[Tofl (sec)  peak rate packet size
(kbit/sec) (byte)

75.5 1.0-12 14 64 or 32 53
62.5 0.352 0.65 32 64

The accuracy of the on-off model is quite high if the number of voice sources is larger
than 25 [3-17). Let the transition probability from the off state to the on state be o and
that from the on state to the off state be B.

The probability that there are k number of on input lines out of N voice sources is

N
P, =(y) PonkPoﬁ-N'k, where k < N.

¢k —B_ynk (3-40)

N
Pe=(x) 7B Cavp

where k < N. This model is called the Engest distribution.
Py can also be derived using the birth-death process (see Figure 3-14). The arrival rate

vk = (N-k) o and the death rate px = nf. In state k, since there are k calls are in
talkspurt, the total arrival rate is k A.

Na N-1 a a

p 28 NB
Figure 3-14. Birth-Death Process for Arrival Rate

The equilibrium state solution of the birth-death process is given as

= Yo Y1 ... [I_c-lP
K- pypp..px 0

N (N-1) ... (N-k+1)
= @k 12k Fo

= (g)k( 11: )P, (3-41)
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By conservation of probability, we have

1
@)
i=0B- !

N
Sy (Y,
P ——- P et (3-42)
N (1+§-)N
Z(B')‘(
i=0

The arrival process in a talkspurt can be either deterministic or a Poisson process.

The superposition of a large number of voice sources can be approximated by a Poisson
process only when the traffic intensity is low [3-24]. A better model for the aggregate
voice traffic is to use the MMPP [3-13]. The determination of the four parameters for
the MMPP are described in Section 3.5. From the simulation results (not shown here),
the multiplexed voice traffic can not be represented by an on-off process.

3.4 Multiplexing of Data and Voice

In general, specifying queueing models for the multiplexed traffic of data and voice is
very difficult. The law of a large number states that the normalized sum of a large
number of random variables is close to the mean with a high probability. Applying the
result to the packet switched network, the outcome of multiplexing many independent
packet streams is that statistical fluctuations of packet streams are smoothed out and
the aggregate traffic volume is close to the mean traffic volume with a high probability.
Although this statement is helpful for bandwidth allocation, it does not reveal any
information about the burstiness and correlation between packets. A simple queueing
model such the Poisson process is not capable of modeling the burstiness of the traffic
resulted from multiplexing different traffic types. The correlation of packets observed in
the multiplexed traffic makes the renewal process such as the on-off model questionable
[3-7]. However, if queueing models are so complex that analytical approach becomes
intractable, then the value of the traffic model becomes insignificant. A compromise
between modehng accuracy and analytical tractability must be exercised when choosing
a source queueing model for the traffic generator.

In reality, the traffic intensity depends on the time of the day (such as busy hours).
This implies parameters are time varying. For example, the state durations and the
arrival rates for each state for the MMPP can become time varying.

Four approaches are identified to model the multiplexed traffic source. The first
approach is to use one queueing model to represent the superposition of different traffic
types. The queueing model suggested is the two-state MMPP since it is the most
generalized and widely used model for the bursty traffic and superposition of packetized
voice and data traffic [3-13]. MMPP is capable of capturing traffic burstiness and
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correlation and is simple for analysis. The two-state MMPP was used to fit the
measured data from a workstation and the fitting result was encouraging [3-3].
Algorithms to fit the measurement data to the two-state MMPP are described later.

The second approach is to use the MMPP to model the multiplexed voice sources and the
data sources are modeled by a Poisson process. Remember that the superposition of the
MMPP (with A1 and Ag) with an independent Poisson process (with A3) also results in an
MMPP (with A; + A3 and Az + A3). This suggested that the aggregate traffic pattern
depends on A1 + A3 and A2 + A3, not their individual value. Therefore, the aggregate
traffic pattern is the same for 30% voice, 70% data and 70% voice, 30% data. This may
not be accurate.

The third approach is to use one MMPP to model the multiplexed voice traffic and
another MMPP to model the data traffic. This approach allows the user to be able to
characterize the voice traffic and data traffic individually. ‘However, a statistical
multiplexer is required to multiplex the output of these sources into a high-speed TDM
packet stream.

The fourth approach is to allow the user to have the capability of creating multiple
(different) source queueing models to represent the multiplexed traffic. A statistical
multiplexer is required to multiplex the output of these sources into a high-speed TDM
packet stream. Note that when the packets pass through the statistical multiplexer, the
packets suffer queueing delay. Clumping and dispersion are two effects of packet delay
variation. Clumping refers to that the instaneous peak rate is higher than the original
peak rate. Dispersion refers to that the interarrival time is larger then that of the
original process. For delay-sensitive data, the packet delay variation has to be
compensated at the end-user.

The conceptual configuration of these four approaches are illustrated in Figure 3-15.
The first approach is recommended.

A summary, which includes the applications, the capability, and the required
parameters for each source queueing model, is listed in Table 3-15.
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MMPP Multiplexed Destinatien Packet
Source Packet Receiver
Traffic Generator Switch
(a)
MMPP Voice Destination Packet
Source Directed Receiver
] Packet
Poisson Source Switch
Traffic Generator
(b)
MMPP Voice Source _
Statistical Destination Packet
Multiplexer Directed Receiver
MMPP Data Source Packet
Switch
Traffic Generator
(c)
MMPP Voice Source \
Poisson Data Source ™~ P
Statistical Dg?:g::gn Pacl_<et
Multiplexer Packet Receiver
MMPP Data Source 7 Switch
On-Off Data Source
Traffic Generator

Figure 3-15. Four Approaches to Model Multiplexed Traffic

(d)
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Table 3-15. A Summary of Different Source Queueing Models

Model Applications B C parameters
Poisson random traffic, superpositionofa no no arrival rate
large number of low speed voice
and data, background traffic.
Geometric same as Poisson no no mean util
Batch Poisson bursty data yes no  arrival rate,
batch size
Hyperexponential bursty data yes no  arrival rates (2),
coefficient
MMPP superposition of packetized voice yes yes state durations
and data, ATM source : (2), arrival rates
2)
On-Off superposition of packetized voice yes yes state durations
and data, ATM source (2), arrival rate

B: burstiness and C: correlation

3.5 Fitting Algorithms of the Measurement Data to a
Traffic Source Model

After measurements are performed on real traffic sources, it is important to choose a
queuing model and its associated parameters such that the model can be used to
represent the real traffic pattern, and subsequently used in the traffic generator of the
testbed. Although the parameters for voice traffic are well documented, it is not easy to
choose the parameters for data traffic. This subsection presents the algorithms of
fitting the measured traffic characteristics from real traffic sources to a queueing source
model. The two-state MMPP is the most generalized and widely used traffic model to
represent the bursty traffic and the superposition of packetized voice and data traffic.
The two-state MMPP is used as the representative for discussion. Many algorithms
have been proposed to fit the measurement data to the queueing model. Most
algorithms analyze the observed data offline; only one real-time traffic characterization
algorithm is available [3-1].

3.5.1 Offline Algorithms

The fitting algorithm described in Reference 3-3 computes the first moments and the
second moments of the state durations and the associated interarrival times using four
equations.

E[Ty]+ E[Tg)
a= E[t] = 1/E[;\.] = klE[Tl] " 7«,2E[T2] (3-43)
b+l1=I.+1=1+ 2(E[T1]E[T2])2 (1.1-].2)2 3.44)

(E[T1}+E[T2))2 (E[T1]A+E[T2]A2)
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c=r= E['}'ll + E['i‘ o] (.';-45)

a=Efe) - PEER San ST © (346)
Use a, b, ¢, and Az to express E[Ty], E[Tz], and A;. We obtain

BTy = 2202 Ccado P (3-47)

E[Te] = W | (3-48)

= 22T 2 cEN) : (3-49)

The values of a, b, and d can be obtained by measurements. However, the value of ¢
must be obtained by numerically solving Equation 3-35 with measured I; at a give time
t and L. [3-3]. Substitute Equations 3-47, 3-48, and 3-49 to Equation 3-46 for d. The
value for A2 can be obtained by finding the roots of a polynomial of degree 2. In general,
there are two solutions for A2. The Laguerre's method can be applied to numerically
find the roots of the polynomial. The C program for the Laguerre's method can be found
in [3-31]. After Ap is obtained, the values for E[T;], E[T2], and A; can be easily
calculated.

These estimated parameters are used to plot a theoretical IDC curve. The theoretical
IDC curve from the estimated parameters is compared with the measured IDC curve for
accuracy. If the approximated parameters are not accurate enough, another value of ¢ is
used to repeat the same procedure.

The fitting algorithm described in Reference 3-13 is similar to that in Reference 3-3.
The algorithm also uses four equations to obtain the moments of state durations and
their interarrival times. The first three equations are the same as Equations 3-43, 3-44,
and 3-45. The third moment of t3 is used as Equation 3-46.

Reference 3-8 describes a procedure of selecting distributions for the on state -:d off
state durations of the on-off process. The selected distribution only matches : = first
and the second moments of the observed on or off durations. The first moment -. . s the
measured mean E[T] and the second moment uses the squared coefficient of variance
(CV2), When E[T] >2 and CV2> 1 'EL[T]’ the (on or off) duration is modelled as a

mixture of two modified Geometric distributions. The pdf of the (on or off) duration is
defined as

P(n) = a (1-py) (p1)n-1 +(1- &) (1-po) (p2)n-l , n 21. J)

a 1-
The mean for the pdfis '1_? + IT(P};‘ The proper choices of a, p; and ps are




(CVZ-1)E[T] +1,

a=051+(eynEm+ ) (3-51)
p1 = (E[T}-2aVE[T), - (352)
po = (E[T] - 21-0)VE[T]. (3-53)

When -}ﬁi < CV2 < 1, the (on or off) duration is modelled as a summation of N

independent and identically distributed modified geometric random variables. Let the
summation be X.

X=1+x1+x2+..+XN. (3-54)

The pdf of each random variable is

P(n) = (1-p) (p)» , n 20. (3-55)

The mean is

Np
EXl=1+7 (3-56)

The proper choices of N and p are
E[T}-1

N = {E&m-1eve- D (3-57)
E[T})-1
P = N+E[TI-T (3-58)

Note that CV2 is an approximation since N must be an integer.

3.5.2 Online Algorithms

The following describes several simple fitting algorithms for the MMPP (or its
variations such as MMBP, MMDP, and on-off process). The on-line fitting algorithms
are useful for real-time network management and traffic management. The key is that
a cutoff point for packet interarrival time, which delimits state 1 and state 2, must be
found for a two-state MMPP. Normally, the traffic intensity of one state is higher than
that of the other state. Denote these two states as bursty state and normal state. After
the cutoff point is obtained, the collected traffic profile can be viewed as a profile which
alternates between the burst state and the normal state. To illustrate the usefulness of
these procedures, experiments are performed. A two-state MMPP with known
parameters is used as the traffic source. The traffic source generates information
packets according to the specified queueing model. A packet receiver collects the
statistics. These algorithms are implemented at the packet receiver to estimate the
shape or the moments of distribution.
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The first algorithm is to use the histogram approach. The histogram is useful to
identify the shape of the distributions (for interarrival times and state durations) and to
estimate the first two moments. A histogram is constructed by

1. Dividing the range of data into equal-size bins. For example, the bin
size for the packet interarrival times is the packet slot time.

2. Determining the frequency of occurrence for each bin.

The histogram corresponds to a pdf. By plotting the histogram of the packet
interarrival time of the MMPP, A; and A2 may be determined. The main goal is to find
a cutoff point so that the histogram can be divided into two histograms, one for the
bursty state and the other for the normal state. The cutoff point is hard to visualize in
the linear histogram; however, the log scale histogram can clearly illustrate the
composition of two histograms. An example is shown in Figures 3-16 and 3-17. The
simulation parameters of the MMPP are the same as those in Section 3.2.8. Three
interarrival time linear scale histogram curves are shown in Figure 3-16: the bursty
state, the normal state, and the combined one. The bin size of the histogram is the
packet slot time (0.001 sec). The interarrival time log scale histograms are shown in
Figure 3-17.
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Figure 3-16. Packet Interarrival Time pdf for Original Two-State MMPP
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Figure 3-17. Log Scale Packet Interarrival Time pdf for Original Two-State MMPP

The second algorithm, which is a simple, real time traffic model fitting algorithm, was
proposed in Reference 3-1. The advantages of real time traffic analysis are: the real
time results are useful for network management, traffic management (such as resource
allocation), and admission control. In this algorithm, samples of packet interarrival
time (t;) are collected. The algorithm compares the current sample and the previous
sample. By performing this comparison, the algorithm makes a decision whether the
current sample belongs to the previous state or the current sample is the beginning of a
new state. This algorithm is referred as "time comparison” algorithm. This type of
decision is referred as hypothesis testing. There are two hypotheses -- HO: the two
samples are in the same state and H1: the two samples are in different state. A
constant C is selected as a threshold. Iff?ﬁ- 2 C(t) or t%l- > C(t), then HO is false.
Otherwise, HO is true. The value of C(t) is hard to choose because it can not favor HO
nor H1. A balance point must be obtained. The optimum value of C(t) would be close to

1—; ,if A1 and A2 are known in advance. To improve the accuracy of the time comparison

algorithm, it is suggested in [3-1] that the previous sample is substituted with an
average mean of interarrival times for the state. The algorithm works well when the

traffic is very bursty, i.e., % >> 1. In this case, the value of C(t) can be set very high

(e.g. 10) and the decision error becomes small. This seems to be reasonable. If the
traffic is not bursty, then the switch performance degradation due to burstiness is small;
therefore, the accuracy of the fitting algorithm of finding the parameter values of the
MMPP has no major impact to the switch performance. Only when the traffic is very
bursty, an accurate fitting algorithm is required to generate the parameter values of the
MMPP such that the switch performance can be evaluated in a precise manner.
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The time comparison algorithm not only can obtain the parameter values for the MMPP,

it but also can obtain the parameters values for the on-off process. Assume initially the

state is at the on state. During the on state, since packet arrivals are deterministic,

't:ll = 1. When % # 1, it means that t; is associated with the last packet of the
+ +

previous on state and ti;1 is associated with the first packet of a new on state. If this

happens, the state will transit to the other state. However, smce%% will be equal to 1,
the state will transit back to the on state. The estimated arrival time for the off state is
actually the off state mean duration.

Applying the same principle as in Reference 3-1, a new real-time traffic model fitting
algorithm is proposed. Instead of using the packet arrival times as samples, the number
of arrivals (Nj) is used as samples for comparison. This algorithm is referred as the
“count comparison” algorithm. The number of packet arrivals in an interval t (called
bin) is compared with that in the previous bin. There are two hypotheses - HO: the two
samples are in the same state and H1: the two samples are in different state. A

constant C(N) is selected as a threshold. If. N:I >CMN) or—NNif—l > C(N), then HO is false.
1 1

Otherwise, HO is true. The old sample is an average mean of all the samples in the
same state. Clearly the bin size must be small enough to catch the states with short
durations. The accuracy of this algorithm depends on the values of bin and C(N). An
experiment using the algorithm to estimate the original traffic characteristics is
performed. The parameter values used for the count comparison algorithm are listed in
Table 3-16.

Table 3-16. Parameter Values used for Count Comparison Algorithm

bin size CN)
]
0.05 sec 3.5

The reconstructed traffic characteristics for different source models are shown in Tables
3-17 to 3-20.

Table 3-17. Characteristics of Original MMPP and Reconstructed Traffic Patterns

Original Reconstructed

E[T;] 2.5 sec 2.576 sec
(%1) 0.00102 sec  0.001038 sec
E[T9) 0.25 sec 0.243 sec
(%2) 0.01 sec 0.00857 sec
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Table 3-18. Characteristics of Original MMBP and Reconstructed Traffic Patterns

Original Reconstructed
E[T4] 2.5 sec 2.78 sec
(-ilz) 0.00102 sec  0.001033 sec
E[T2] 0.25 sec 0.267 sec
(%2 0.01 sec 0.00891 sec

Table 3-19. Characteristics of Original MMDP and Reconstructed Traffic Patterns

Original Reconstructed
E[Tq] 2.5 sec 3.25 sec
(Il? 0.00102 sec 0.001029 sec
E[T2] 0.25 sec 0.289 sec
) 0.01 sec 0.0089 sec
A2

Table 3-20. Characteristics of Original On-Off Process and Reconstructed Traffic Patterns

Original Reconstructed
E[T4] 2.5 sec 3.12 sec
(11;) 0.00102 sec  0.001023 sec
E[Ts] 0.25 sec 0.26 sec
(‘xl;) x 0.12789 sec

The above two algorithms suffer the same problem: once a false transition is made, the
errors are accumulated. In other words, when a false transition is made, the false
sample statistics is used to compute a new average for the interarrival time of the state.
The accuracy of the average becomes less and less when more and more false samples
are used. A new algorithm is proposed to overcome this problem. The major discovery
is that it is not necessary to make a precise decision for every sample. Uncertain
samples can be discarded and no state transition is made; as a result, the false
transitions and error accumulation can be largely eliminated. The algorithm follows
that of the TDM synchronization or ATM cell self delineation scheme. Acquiring and
maintaining the characteristics of the state of the packet arrival process is analogous to
acquiring and maintaining the synchronization of the TDM frames. The state is either
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at state 1 or state 2 and the synchronizer is either in sync or out of sync. The state
transition decision mechanism is the same as that in Reference 3-1.

The first new time comparison algorithm is there are two states: normal and bursty.
Let the initial state be in the normal state. This algorithm is termed as the "time
comparison algorithm II". In order to transit from the normal state to the bursty state,
the number of consecutive failed hypotheses for the two samples being in the same state
must be greater than or equal to Ty,;,. When the number of failed hypotheses is less
than Thp, the new samples under test are discarded. In order to transit from the bursty
state to the normal state, the number of consecutive failed hypotheses must be greater
than or equal to Ty,,. When the number of failed hypotheses is less than T}, the new
samples are discarded. The state diagram is shown in Figure 3-18.

Tnb Fail
Normal State Bursty State
Tbn Fail

Figure 3-18. State Diagram of Time Comparison Algorithm Il

The reconstructed traffic characteristics for different source models are shown in Tables
3-21 to 3-24.

Table 3-21 (a). Parameter Values used for Time Comparison Algorithm Il

Ccm Tnb (Thn)
6 2

Table 3-21 (b). Characteristics of Original MMPP and Reconstructed Traffic Patterns

Original Reconstructed

E[T1] 2.5 sec 2.09 sec
(-;’—1-) 0.00102 sec 0.001029 sec
E[Ts] 0.25 sec 0.157 sec
1
(12) 0.01 sec 0.01156 sec

Table 3-22 (a). Parameter Values used for Time Comparison Algorithm Il

cm Tnb (Thbn)
6 2
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Table 3-22 (b). Characteristics of Original MMBP and Reconstructed Traffic Patterns

Original Reconstructed
E[T] 2.5 sec 2.419 sec
(lll) 0.00102 sec 0.001023 sec
E[T2l] 0.25 sec 0.204 sec
1
(E) 0.01 sec 0.0109 sec

Table 3-23 (a). Parameter Values used for Time Comparison Algorithm Il

CM Tob (Tyn)
6 1

Table 3-23 (b). Characteristics of Original MMDP and Reconstructed Traffic Patterns

Original Reconstructed
E[T4] 2.5 sec 2.59 sec
(%1) 0.00102 sec  0.00102 sec
E[Ts] 0.25 sec 0.244 sec
(%2-) 0.01 sec 0.01 sec

Table 3-24 (a). Parameter Values used for Time Comparison Algorithm Il

C(T) Tnb (Tbn)
6 1

Table 3-24 (b). Characteristics of Original On-Off Process and Reconstructed Traffic Patterns

Original Reconstructed

e —— —  — ]

E[T4] 2.5 sec 2.64 sec
(%1) 0.00102 sec 0.001010 sec
E[T2] 0.25 sec 0.257 sec
1
(1—2 X x
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The state diagram of a more robust algorithm is shown in Figure 3-19. This algorithm
is termed as the "time comparison algorithm III". There are four states: prenormal,
normal, prebursty, and bursty. At the start of the algorithm, the current state can be in
either prenormal state or prebursty state. Let the initial state be in the prenormal
state. At the state, the hypothesis testing is performed. To reduce false transitions and
error accumulation, in order for the prenormal state to transit to another state, a
certain condition has to be met. In order to transit to the normal state, the number of
accumulated successful testing must be greater than N1. However, if the number of
accumulated failed testing is greater than N2, the state is transited to the prebursty
state. When the testing fails, the new sample is discarded and no state transition is
made since the sample is uncertain which state it belongs to. The statistics is collected
only when the testing is successful. When the state transits to the normal state, it will
stay in the state until there are N3 consecutive failed testing. If this happens, the state
transits to the prebursty state. As before, the statistics is collected only when the
testing is successful. The same procedure is followed when the state is in the prebursty
state. The proposed algorithm can eliminate false transitions and discard the uncertain
samples; hence, there is no error accumulation. An experiment using the above
algorithm to estimate the original traffic characteristics is performed. The value of C(t)
is 6 and the values of N1, N2, N3, B1, B2, and B3 are the same, 2. The reconstructed
traffic characteristics for different source models are shown in Tables 3-25 to 3-27.

Figure 3-19. State Diagram of Time Comparison Algorithm Il

Table 3-25. Characteristics of Original MMPP and Reconstructed Traffic Patterns

Original Reconstructed
E[T;] 2.5 sec 2.49 sec
(%1) 0.00102 sec  0.001029 sec
E[Ts] 0.25 sec 0.1848 sec
(5‘1;) 0.01 sec 0.01122 sec
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Table 3-26. Characteristics of Original MMBP and Reconstructed Traffic Patterns

Original Reconstructed

]

E[T] 2.5 sec 2.76 sec

(%1) 0.00102sec  0.001023 sec
E[Ts] 0.25 sec 0.2318 sec
(%2) 0.01 sec 0.0106 sec

Table 3-27. Characteristics of Original MMDP and Reconstructed Traffic Patterns

Original Reconstructed
E[T1] 2.5 sec 2.757 sec
(xil) 0.00102sec  0.00102 sec
E[T9] 0.25 sec 0.274 sec
(xlé) 0.01 sec 0.01 sec

After the source model is constructed, the accuracy of the model must be checked. For

example, after the MMPP is constructed, r iﬁ['er + E[:'ll‘_gl , E[A], and E[A?] should be

calculated and compared with the measurement results.
Another usefulness of the real time algorithm is that the estimated parameter values
can be used as initial values for the offline algorithm. For example, instead of solving

Equation 3-35 for r, the estimated r can be use as an initial guess for ¢ in applying the
offline fitting algorithm.
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Section 4
Traffic Generation Procedure

This section presents packet header contents for a traffic simulator, a traffic flow
analysis, a traffic synthesis procedure, and a mechanism of forcing congestion.

4.1 Packet Header Contents

The packet header structure of the mesh VSAT network as given in [1-1] is shown in
Figure 2-1. The traffic simulator generates data packets with the basically identical
header format as the underlying network. However, some modifications of the header
contents may be necessary for the testing purposes. First, the necessary header fields
for the traffic simulator are identified and described below. Then, relationships between
the proposed header structure and that of the mesh VSAT network are presented.

The packet header structure generated by the traffic simulator is shown in Figure 4-1.
The figure also shows the relationships between the packet header fields of the traffic
simulator and those of the operational satellite network. A single-satellite scenario is
assumed, although its extension to multiple satellites is straightforward. The packet
header generated by the traffic simulator consists of the following routing and channel
identification information:

* Multicast identification: 1 bit (when this bit is set, the packet is
broadcast to all the dwell areas of the selected downlink beams)

* Downlink beam identification: 8 bits (eight independently selected
beams for packet routing)

* Dwell area identification: 3 bits (this field is ignored when the
multicast bit is set)

* Simulator identification: 3 bits (specifies one of the eight simulators)

* Virtual channel number (VCN): 8 bits (identifies one of 256 unique
circuit connections from the selected traffic simulator)

¢ Packet sequence number (PSN): 4 bits (identifies a specific packet
associated with a selected VCN)

* Time stamp: 32 bits (time slot number: 0 ~ 232 or 0 ~ 48.5 days)
Special header fields, which are not available in the original structure, are included in
the TBD field. The TBD field may also include FEC parity bits for a packet header.
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MC BEAMID DWELLID SIMULATOR ID VCN PSN TIME
1 8 3 3

MC SATID { BEAMID | DWELLID STID SATID | BEAMID STID

1 4 32 3 1 2 3 14
SOURCE
S —
DESTINATION INFORMATION -l INFORMATION

Figure 4-1. Mapping of Packet Header Fields of Traffic Simulator and Satellite Network

If there is no sufficient space available in this field, the time stamp bits may be included
in the information field. The traffic simulator generates packet headers of the satellite
network with certain fields replaced by the header contents as indicated in the figure.
Unassigned fields and unused bits in the assigned fields may contain predetermined bit
patterns. Alternately, the traffic simulator may preselect or dynamically select
unassigned bits to provided additional features, such as selection of a satellite,
identification of source earth terminals, and priority control.

Each traffic simulator can generate up to 256 different circuit connections, and when
combined with the simulator IDs a maximum of 2048 distinct channels can be
accommodated in the testbed. Each VCN is associated with a specific point-to-point or
multicast connection, and multiple VCNs may be assigned to the same beam/dwell area
connection.

The packet sequence number is useful for identifying discarded packets by the on-board
switch due to congestion. A four-bit field allows detection of up to 15 consecutive packet
losses with the same VCN. Although some ambiguity exists in identifying discarded
packets if more than 15 packets get lost, this is a very unlikely event.

A time stamp is added to the packet header at the time of packet transmission. Time
stamps are useful for measuring the average packet delay and delay jitter through the
switch. Measured timing data can be processed in real time or off-line. Interesting
measurement, although it complicates traffic simulator design, can be realized by
placing a time stamp at the time of packet generation and in emulating earth station
buffer operation. This will provide delay performance measurements between user
interfaces.

Although not included in the packet header, a priority control field would be a nice
feature to be added. Some traffic, such as voice and video, is delay sensitive and
requires a low packet loss ratio, and others are less sensitive to the propagation delay
and can tolerate a higher packet loss ratio. When congestion occurs the on-board switch
discards low priority packets first, providing better performance for high priority
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services. This will have an impact on on-board buffer management but enhance user
service flexibility.

4.2 Traffic Analysis

Traffic analysis is a process of estimating a traffic flow from traffic simulators to
downlink beams for a given set of simulator parameters. Traffic synthesis, discussed in
Section 4.3, is a reverse process of deriving traffic simulator parameters from a set of
system traffic requirements, such as a system traffic loading factor, downlink beam
traffic loading factors, the volume of point-to-point and multicast traffic, and a packet
loss ratio. A synthesis procedure uses simple analytical tools to properly select traffic
simulator parameters to meet desired system test performance.

4.2.1 Characterization of Traffic Simulator

The number of traffic simulators in the DDPS testbed ranges from one per uplink beam
(a total of 8 simulators) to 32 per uplink beam (a total 256 simulators). In the following
discussion, the eight-simulator configuration is assumed, since this can be implemented
with current technology and simplifies a test setup and simulator operation. It is also
desirable to be able to test the DDPS with a smaller number of simulators, for example,
in the case of some simulator failure. In an extreme case, a single traffic simulator can
be used to fully load all downlink beams using only a 1/8 of its traffic capacity - all
packets are broadcast to all dwell areas. Thus, the number of simulators assumed in
the analysis is s, where s < 8. Each simulator is capable of generating a maximum 1024
packets per frame (PPF).

A traffic simulator generates point-to-point (PTP) traffic as well as multicast (MC)
traffic. To characterize simulator output traffic, the following notations are used:

Cu Uplink beam capacity (1024 PPF)
Cq4 Downlink beam capacity (1024 PPF)

Tui Uplink beam average traffic volume (traffic loading) of Simulator i (Ty;
<Cy),where 1<i<s(<8).

pij Normalized average point-to-point traffic volume from Simulator i to
switch output port j, where 1<i<sand 1<j<8. Example: pij = 0.25 if
a 25% of Ty; goes from simulator i to output port j.

tihj Multicast connectivity value (0 or 1) for Simulator i (1 £ i < s), multicast
configuration number h (1 < h £ 247), and switch output portj (1<j <
8). (Detailed explanation given below.)

gih Normalized average traffic volume from Simulator i with multicast
configuration h, where 1 <i<sand 1 <h <247. (Detailed explanation
given below.)
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‘A “traffic simulator may generate multicast traffic with various connectivity
configurations, where each configuration represents an uplink-downlink beam
interconnection associated with a unique VCN. There are 247 distinct multicast
configurations for a given traffic simulator (i.e., 28 - 1 no-connection - 8 point-to-point
connections). Figure 4-2 shows an example of multicast connections generated by a
traffic simulator. In this example, Traffic Simulator i generates four types of beam
connectivity.

SWITCH OUTPUT SWITCH OUTPUT SWITCH OUTPUT SWITCH OUTPUT
PORTS PORTS PORTS PORTS
o ®
®
L ]
®
® o
SIMULATOR | ® SIMULATOR | ® SIMULATOR i SIMULATOR | ®
o ® ®
h=1 h=2 h=3 h=4

Figure 4-2. Example of Multicast Connections

The connectivity value tihj for a configuration h is 1 if output port j is a part of the
multicast connection; otherwise, it is 0. In the above example, the following connectivity
values are assigned:

[ti11, ti12, ti13, tild4, ti15, ti16, ti17, ti1gl = (1,1,0,1,0, 1,0, 0]
[tio1, ti22, ti2s, tio4, tizs, ti2e, ti27, ti2g)l =1[0,1,1,0,0, 1,0, 1]
[ti31, ti32, ti33, ti34, ti35, ti36, ti37, ti3gl = [1,0,0,0,1, 0, 1, 0]
[tid1, tid2, tid3, tid4, tid5, ti46, tid7, ti481=100,0,1,1,1,1,0,0]

The normalized average traffic volume gjh is defined for each multicast connectivity
configuration h. For example, if the traffic distribution of simulator i is 25% for point-
to-point traffic, and 15%, 10%, 20%, and 30% for multicast configurations h=1, 2, 3, and
4, then qjh is given by '

lail, qi2, Qi3, ai4] = [0.15, 0.1, 0.2, 0.3]
4.2.2 Traffic Flow Equations
Using the traffic simulator parameters defined above, various traffic flow values can be
obtained using simple equations. In the following, symbols n, w, mj, and p denote

respectively the size of a routing switch (i.e., n = 8), the number of dwell areas per
downlink beam (i.e., w = 8), the number of multicast connectivity configurations for
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‘Traffic Simulator i (mj < 247), and the packet loss ratio of the switch (pj < 1). For
multicast traffic, the packets received by a switch output port are broadcast to all dwell
areas of the correspondmg downlink beam. Thus, a single multicast packet in an uplink
results in a maximum of 64 downlink dwell area packets.

s
Total PTP Traffic to Output Port j: Pgi= Y pijTui
i=1
s mj
Total MC Traffic to Output Port j: Moj= Y Tui ), gihtihj
i=1l h=1
Total Traffic to Output Port j: Toj = Poj + Mo;
Total PTP Traffic to Downlink Beam j:  Pgj = (1 - pj) Py;
Total MC Traffic to Downlink Beam j: Mgj = (1 - pj) wM;j

Total Traffic to Downlink Beam j: Tg; = (Pdj + Mdj)
Total Uplink PTP Traffic: Py= 2 Tui 2 Pij = 2 Poj
i=1 j=1 =1
1
Total Uplink MC Traffic: Mu= Y Tui Y, aih
i=1  h=1
s
Total Uplink Traffic: Tu=Py+My= Z Tui
i=1
n
Total Downlink PTP Traffic: Pd= Y Pgj
=1
n
Total Downlink MC Traffic: Md= Y Mg
i=1
Total Downlink Traffic: Td =Pd +Mq

It is often convenient to express a traffic volume in a normalized form. A traffic loading
factor is defined as the ratio of an information traffic volume and a total traffic capacity.
Several loading factors are defined below:

Tui

Traffic Simulator Loading Factor: Nui = Cu
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Tu

Total Uplink Loading Factor: Nu= 2Cu
S . Tdj
Downlink Beam Loading Factor: G =¢ 4
. . Td
Total Downlink Loading Factor: nd= n_éa

The downlink beam loading factor ngj is an important indication for predicting a
severity of switch output port congestion and provides an estimated packet loss ratio for
a given buffer size. One technique to introduce controlled congestion in the the system
is to select a desired packet loss ratio and to estimate the corresponding downlink
loading factor by a lookup table. This technique is used in the traffic synthesis and
explained in Section 4.3. )

4.2.3 Example

The example presented herein assumes a DDPS test configuration using two traffic
simulators (i.e., s = 2). These simulators generate traffic of the following characteristics:

Tu1 = 720 PPF, Tu2 = 960 PPF, Cy = C4 = 1024 PPF

[p1;1=1[0.1,0.15, 0.2, 0.08, 0.22, 0.12, 0.03, 0.02]

[p2;] = [0.07, 0.12, 0.08, 0.15, 0.07, 0.11, 0.24, 0.05]
Multicast connectivity configurations are shown in Figure 4-3. Simulators 1 and 2
generate respectively three and four types of multicast connection, where Simulator 2

includes a broadcast connection. Multicast connectivity values and normalized traffic
volumes are given as follows:

(t1331=101,0,0,0,1,0,1,1] [teyl=100,1,0,0,1,0,0,0]
[t12;1=10,1,1,0,0,1,0,1] [teg51=101,1,1,1,1,1,1,1]
[t13;1=101,1,0,1,0,0, 1, 0] [tes;1=100,0,1,1,1,0,1, 0}

[t24J] = [O: 0, 1: 0; 0» 1: 0: 1]

[q1n] = [0.03, 0.04, 0.01] [a2n] = [0.04, 0.02, 0.02, 0.03]
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Figure 4-3. Multicast Connections of Traffic Simulators 1 and 2

The results of the analysis are summarized in Table 4-1. For simplicity, no packet loss
(p = 0) is assumed in the analysis. A few interesting facts should be pointed out. The
total uplink multicast traffic is 163 PPF which is about a 10-percent of the total uplink
traffic volume. These packets are multicast to different output ports and further
broadcast to all the dwell areas associated with the output ports. Thus, the contribution
of uplink multicast traffic to the total downlink traffic becomes significantly larger,

Table 4-1. Summary of Traffic Parameters for the Example

[Poj] 139 223 221 202 226 192 252 62
Mo;) 48 94 96 46 98 77 67 98
[Toj1 187 317 317 247 324 269 319 161
[Pg;] 139 223 221 202 226 192 252 62
Mg;] 384 749 768 365 787 614 538 787
[Tg;] 523 972 989 566 1013 806 790 850

Py 1517

My 163

Ta 1680

Pgq 1517

Mg 4992

Td 6509

Muil 070 094

Na 0.21

[ngj) 051 095 097 055 099 0.79 0.77 0.83
nd 0.79
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i.e., 4992 PPF which is a 77-percent of the total downlink traffic. In the operational
system, the amount and connectivity of multicast traffic must be strictly controlled to
avoid switch congestion. The table shows a traffic loading factor of 0.99 in downlink
beam #5. However, this value may not be achievable in the actual test, in particular to
meet a low packet loss ratio.

4.2.4 Special Case Analysis

To derive explicit expressions for various traffic flow parameters, a special case is
considered in this subsection. The results presented below are useful for an
understanding of the problem. Consider s traffic simulators (1 < s < 8), each generating
traffic of the same characteristics. All point-to-point traffic generated by a simulator
are equally distributed to all output ports, and all multicast traffic are broadcast to all
downlink beams. Let r be the traffic loading factor of a simulator, and p and q be the
total normalized average traffic volumes of point-to-point and multicast traffic,
respectively. Then, the following relationships hold:

p+q=1
Nui=r,1<i<s
Tui=rC,1<i<s(note:Cy=Cq=C)

pij=pm,1<i<sand1<j<n

tihj=1forh=1and1.<_i$sand1$j$n;=0,otherwise
gih=qforh=1and 1<i<s;=0, otherwise

Table 4-2 summarizes the results of the analysis. The table also includes parameter
values for two extreme cases: point-to-point only traffic (i.e., p = 1 and q = 0) and
multicast-only traffic (i.e., p=0and q= 1).

The total downlink traffic is given by (1 - pXp + nwq)srC for mixed point-to-point and
multicast traffic. The sensitivity of multicast traffic to the total downlink traffic is nw =
64 times greater than that of point-to-point traffic. A similar effect was also observed in
the previous example.
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Table 4-2. Summary of Traffic Parameters for a Special Case

TRAFFIC FLOW SYMBOL PTP & MC PTP MC

_ (p=1,q=0) - (p=0, q=1)
Total PTP Traffic to Output Port j Poj sprC/n srC/n
Total MC Traffic to Output Port j Mo; sqrC srC
Total Traffic to Output Port j Toj (p/n + q)srC srC/n srC
Total PTP Traffic to Dpwnlink Beam j Pgj (1- p)sprC/n (1-p)srC/n
Total MC Traffic to Downlink Beam j Mg; (1- p)swqrC (1-p)swrC
Total Traffic to Downlink Beam j Tg; (1-pXp/m + wq)stC (1-pPlsrC/n (1-pPlswrC
Total Uplink PTP Traffic Py sprC - srC
Total Uplink MC Traffic My sqrC srC
Total Uplink Traffic Ta srC srC srC
Total Downlink PTP Traffic Pq (1-p)sprC (1-p)srC
Total Downlink MC Traffic Mgd (1- p)nswqrC (1- p)nswrC
Total Downlink Traffic T4 (1-pXp +nwq)stC (1 -p)srC (1 - p)nswrC
Traffic Simulator Loading Factor Nui r r r
Total Uplink Loading Factor Mu T 4 T
Downlink Beam Loading Factor ndj (1-pXp/m +wg)str (1-p)srin (1-p.wsr
Total Downlink Loading Factor nd (1-pXpm+wq)sr (1-p)sr/n (1-p)wsr

4.3 Traffic Synthesis

Traffic synthesis is the reverse process of traffic analysis and may be used along with
the analysis procedure to properly select traffic simulator loading parameters. The use
of the analysis technique alone complicates a parameter selection process for achieving
a desired system performance level for testing. The synthesis procedure described in
the following should be taken as a representative, since there is no unique way of
selecting a set of simulator parameters to achieve the desired performance goal.

4.3.1 Downlink Traffic Loading and Packet Loss Ratio

In the DDPS system, one of the critical operational considerations is a congestion
control mechanism to prevent performance degradation due to switch congestion.
A certain packet loss ratio (PLR) must be met for a given service. For example, a circuit
switched service should have a very low PLR, desirably no packet losses due to
congestion, while some packet switched traffic may tolerate a larger PLR. The PLR is
directly related to the downlink traffic loading factor (DLLF) for a given size of on-board
buffer. Figure 4-4 plots the relationship between the DLLF and PLR for various buffer
sizes. Poisson traffic distribution is assumed. A similar curve may be obtained for other
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Figure 4-4. Relationship Between DLLF and PLR for Buffer Size as Parameter

types of traffic, such as bursty traffic [4-1). The traffic synthesis procedure described
below uses this relationship to select proper simulator parameters for a given degree of
congestion.

The DLLF-PLR curve given in the figure may also be applicable to dwell area traffic
depending on the buffer structure and the time slot allocation procedure used for
downlink transmission. Six cases are shown in Table 4-3. A common buffer is shared
by all dwell area traffic and has no predefined individual buffer allocation to different
dwell areas. Separate dwell area buffers may consist of a single physical storage area

Table 4-3. Alternate Dwell Area Traffic Buffer Designs

Buffer Structure Buffer Allocation Downlink Time Slot Allocation
Dynamic Preallocation

Common Downlink Dynamic Case 1 Case 2
Buffer

Preallocation N/A N/A
Separate Dwell Area Dynamic Case 3 Case 4
Buffers

Preallocation Case 5 Case 6
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for a downlink beam, but its partition to different dwell area traffic can be allocated
dynamically or on a preallocation basis. In preallocation, the available resources are
adjusted at a much slower rate than the frame period to accommodate changes in the
overall traffic flow. A time slot allocation procedure can also be dynamic based on the
amounts of dwell area traffic or can be preallocated. Different DLLF-PLR performance
will result in depending on the allocation procedure used.

Cases 1 and 3 utilize the allocated buffers most efficiently and yield the same DLLF-
PLR performance, provided that dwell area buffer allocation and time slot allocation in
Case 3 are properly coordinated. The DLLF-PLR curve shown in Figure 4-4 can used to
estimate the PLR for downlink beam and dwell area traffic for a given DLLF and a
buffer size.

In Case 2, the DLLF-PLR performance will vary depending on the amounts of traffic to
different dwell areas and their dwell durations. An analysis or simulation is ne~ded to
characterize the relationship among the PLR, dwell area traffic loading, and d* . area
capacity.

Case 4 is a more general case of Case 2 in which dynamic buffer allocation is performed
according to a certain rule based on dwell area traffic volume. As a special case, in
which dwell area buffer sizes are adjusted on a packet-by-packet basis for incoming
traffic, the PLR performance becomes identical to that of Case 2.

In Cases 5 and 6, dwell area traffic buffers are preallocated, and downlink time = s are
either dynamically allocated or preallocated. For preallocated time slot operation (Case
6), the relationship given in Figure 4-4 can be used to estimate the PLR for a given
buffer size, where the DLLF should be interpreted as a dwell area traffic loading factor.
The PLR performance for Case 5 will be better than that of Case 6 and will require a
further analysis to take into account a specific time slot allocation procedure.

Depending on the design technique used for downlink dwell buffers, the proper DLLF-
PLR performance curve should be used in the synthesis procedure. In the following,
Case 1 or Case 2 is assumed for simplicity. Consideration should also be given to the
impact of the additional buffer required to absorb the time displacement caused by
downlink time plan changes.

4.3.2 General Procedure

A general procedure for traffic synthesis is depicted in a flow diagram in Figure 4-5.
The procedure consists of three major routines: (a) uniform traffic loading, (b) simulator
traffic adjustment, and (c) DLLF/PLR adjustment. Uniform traffic loading generates a
set of traffic simulator parameters which meets a specified DLLF/PLR value angd is
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based on uniform traffic distribution of PTP and broadcast traffic. The resulting traffic
profile may be modified to generate various other traffic scenarios. The simulator traffic
adjustment step allows modifications of traffic simulator parameters with/without
changes in the traffic loading factors of downlink beams. The DLLF/PLR adjustment
routine, on the other hand, provides a capability of selecting a different DLLF/PLR for
each downlink beam. The major difference in the computational procedure between the
two routines is that the former is primarily based on foreword calculation (analysis) and
the latter backward calculation (synthesis). Detailed computational procedures of these
routines are described in the following. Although the proposed synthesis procedure
should satisfy most of the testbed operational requirements, other features may be
accommodated as needed.

Uniform Traffic Loading

Uniform traffic loading is a procedure of setting up traffic simulator parameters to meet
a desired DLLF or PLR. All traffic simulators generate uniformly distributed traffic to
all the downlink beams and broadcast to all dwell areas for multicast traffic. Let ng be
the DLLF corresponding to a desired PLR. Furthermore, assume that o and B are the
normalized distributions of point-to-point and multicast traffic in the downlink beam: a
+ B = 1, and ondC and BndC are respectively the average downlink beam PTP and MC
traffic volumes. The downlink traffic is equally distributed to all dwell areas within a
beam.

Simulator parameters to satisfy the above traffic distribution are obtained from Table 4-
2. In the following equations, various notations are defined in Subsection 4.2.4, and
eight downlink beams and eight dwell areas per beam are assumed (n = w = 8).

_[1+o@mw-1nd (1 +63c)nd

Simulator Traffic Loading Factor: T =" d-pws -~ 81-pk
_ awn
Normalized Average PTP Traffic Volume: p = (1-p)1+o(wn- 1)]
_ 64c
“(1-pX1+630)
Normalized Average MC Traffic Volume: q =1-p= a- p)[1;+-:(wn “1)]
_ l-a
T (1-pX1+630)

For a given number of traffic simulators, the selection of the loading factor (ng) and
normalized PTP traffic volume (o) cannot be arbitrary, since the amount of traffic
generated by a traffic simulator is limited, i.e., r £ 1. Figure 4-6 plots the minimum
number of traffic simulators needed in order to test various combination of a downlink
loading factor and PTP traffic volume. No packet loss due to congestion is assumed (p =
0). Thus, the DLLF values shown in the figure can be interpreted as the traffic loading
factor at the input to a TDM buffer which closely approximates the DLLF for a small p.

-76-

-




6 ———DLLF =05
5 —&@——DUF=06
——af—DLLF=07
———g—DUF =08
3 {}——DULLF =09

e DULF = 1.0

NO. OF TRAFFIC SIMULATORS
H

00 01 02 Q3 04 05 06 07 08 09 10

NORMALIZED DOWNLINK BEAM PTP TRAFFIC
VOLUME

Figure 4-6. Number of Traffic Simulators Required for Given DLLF and PTP Traffic

From the figure, for example, three traffic simulators can generate close to a 100% of
downlink traffic of which about a 37% is point-to-point traffic and the rest broadcast
traffic.

The traffic simulator parameters computed above generate the required downlink traffic
to meet a selected loading factor. These parameters may be modified to test the DDPS
system under various other traffic conditions. The following two routines provide
guidelines for implementing additional features in the testbed. Procedures for control
and operation of traffic simulators and traffic configurations may incorporate the three
basic routines for flexible DDPS testing.

Simulator Traffic Adjustment

This step allows the operator to modify the traffic simulator parameters obtained in the
above step to test the system for a specific user traffic environment. The operator may
wish to modify some of the simulator parameters with or without changing downlink
loading factors. In general, changes in simulator parameters will result in different
loading factors for different downlink beams. However, an iterative routine based on
the traffic analysis can be developed such that changes in some traffic parameters
automatically adjust parameters of other traffic simulators to maintain the same
downlink loading factors. As in the previous case, a feasibility of a new set of
parameters must be examined.
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‘Loading Factor/PLR Adjustment

This routine differs from the simulator traffic adjustment routine in the selection of
traffic parameters. The operator selects a new set of downlink loading factors (or packet
loss ratios) for individual downlink beams. A built-in computational routine
automatically adjusts simulator parameters to yield the selected loading factors.
Unrealizable requests will be prompted to the operator with suggestions for possible
modifications. The operator does not have a direct access of modifying simulator
parameters.

4.3.3 Forcing Multicasting/Broadcasting

A mechanism for forcing multicasting and broadcasting is built into the header
structure of data packets. When a multicast bit is set, the packet will be routed to the
proper switch output ports according to the beam ID field. These packets are broadcast
to all dwell areas of the designated downlink beams. The impact of multicast/broadcast
traffic on the downlink beams is evaluated in Section 4.2.2 and analyzed in detail in
Sections 4.2.3 and 4.2.4. A traffic synthesis procedure for an arbitrary set of DLLFs
with multicast traffic is slightly more complex. Traffic simulator parameters to satisfy
the given DLLF's are obtained by solving a set of linear equations given in Section 4.2.2.
Three possible cases exist:

a. There is no feasible set of parameters.
b. A unique solution exits.

c. There are more than one set of parameters to satisfy the given
DLLFs.

In most cases, the solution will be either a or ¢. If there is no feasible solution, a new set
of DLLFs should be selected. If there is no unique solution, some simulator parameters
may be arbitrarily selected within certain constraints such that the selected parameters
produce the desired downlink loading factors.

4.3.4 Inducing Beam/Dwell Congestion

A mechanism for inducing congestion at the selected downlink beam or dwell area is
also easily accommodated by increasing the amount of simulator traffic to the selected
downlink beam or dwell area. A detailed discussion is provided in the previous sections.
For random traffic, potential congestion always exists regardless the size of downlink
buffer and the amount of traffic loading. Thus, inducing congestion may be interpreted
as increasing the severerity of congestion, or equivalently increasing a packet loss ratio.
Figure 4-4 provides a guideline for selecting the DLLF for a given PLR, and the traffic
synthesis procedure described in the previous section generates a set of traffic simulator
parameters to cause the required congestion state. As in the case of multicast traffic,
some traffic simulator parameters must be properly selected in solving linear equations.
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‘4.4 Congestion Control

A congestion control procedure consists of four steps: a) monitoring, b) processing, c)
transmission of control messages, and d) implementation. Congestion monitoring is
performed by the DDPS, and the status information is sent to the network control
system. The network control system processes the congestion status information to
determine the timing for exercising congestion control. It also generates proper control
messages for the traffic simulators. The traffic simulator responds to the congestion
control messages by increasing or decreasing traffic to certain downlink beams and
dwell areas. In the operational system, the last three steps may be implemented by the
user terminals. Alternately, the on-board controller may implement the second step for
centralized control. The following sections describe the first three steps in detail, and
the fourth step is discussed in Section 5.

4.41 Congestion Monitoring

The state of switch congestion may be monitored using one of two techniques. The first
technique is to directly measure the length of the packet queue in the TDM buffer. The
queue length information is periodically, for example once a frame, sent to the network
control system for processing. The change in the queue length between two successive
measurements corresponds to the difference in the numbers of transmitted packets and
arriving packets during the measurement interval. Since the rate of downlink
transmission is known, the rate of packet arrival is easily estimated from the measured
data.

The second technique is to count the number of packets arriving at the buffer for a
measurement period. The current queue length can be estimated from the previous one
by adjusting it for the difference in the numbers of packet receptions and transmissions.
Thus, the two techniques basically provide the same congestion information. However,
the second technique is less robust because of the following reasons. When congestion
occurs and packets are discarded, the number of packets discarded must be taken into
consideration in estimating the queue length. Also, if a congestion monitor message
gets lost due to transmission errors, the ground terminal loses an accurate count of
queued packets.

Dwell area congestion can be monitored using the same techniques given above.
Depending on the buffer structure used, either beam congestion monitoring or dwell
area congestion monitoring is employed. )

4.4.2 Congestion Processing

The network control system receives measurement data, makes a decision on congestion
control based on its internal algorithm, and supplies control information to the traffic
simulators. These are basically software functions and have flexibility of experimenting
different procedures. Since detailed congestion control procedures and simulation
results have been presented in the previous study report [4-1], this section describes an
overall procedure and considerations of implementing congestion control algorithms.
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‘Queue lengths measured on board may be directly compared against preselected
congestion control threshold values (L3 and L2, where L; < L2) on a frame-by-frame
basis. When the queue length of the downlink buffer j exceeds L2, congestion is
declared for the downlink beam (or dwell area), and simulator traffic to that beam is
reduced to aTjj, where a(< 1) is a preselected adjustment factor for traffic reduction and
Tjj is the current traffic volume from Simulator i to downlink beam j. The congestion
"on" state is maintained till the queue length decreases below Lj. When this occurs, the
congestion state changes to "off”, and simulator traffic is increased to BTjj, where B (> 1)
is a preselected adjustment factor for traffic increase. The use of two threshold values
minimizes a "flip-flop” effect of congestion control due to fluctuation of measured queue

lengths.

The basic congestion control concept described above may be enhanced with the
incorporation of more elaborate procedures for congestion detection and control. For
example, rather than using instantaneous queue length values, measured data may be
smoothed with a fixed window or sliding window technique. Also, some mechanism to
predict the trend of traffic growth or decrease may be useful to optimize the control loop
performance (i.e., minimizing congestion while maximizing the throughput). Congestion
control is typically performed no more than once per one round trip time based on the
observation of the effect of the previous control message. However, for a predictable
traffic change, execution of several correction steps in one round trip time will provide
better performance. Alternately, more than two threshold values may be established for
finer control. Effectiveness of these procedures may be evaluated in the experiment.

4.43 Control Message Transmission

To develop a flexible congestion control configuration, most processing tasks are
performed by the network control system. The interface between the network control
system and traffic simulators is relatively simple and carries the following control
messages from the network control system to the traffic simulators:

a. Identification of the downlink beam or dwell area for congestit
control, and

b. Traffic volume adjustment factor, o or p.

The traffic simulators simply implement the control message by decreasing or
increasing traffic to the designated beam/dwell area by the amount indicated by the
adjustment factor. To emulate the operational satellite system environment, the
network control system delays the transmission of control message by one round trip
time.
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Section 5
Traffic Generator Implementation

This section presents block diagrams of high-level design and implementation for a
traffic generator (TG). The software/hardware requirements are investigated. Also
discussed is the congestion detection procedure and the monitoring functions at the
switch as well as the necessary functions of the TG to provide traffic source response
procedure to (beam) congestion. A survey of the available traffic generators and their
applicability to ISP testing is presented. The overall testbed configuration is presented
along with the interactions among different components in the testbed.

There are two basic functions of a traffic generator:
1. packet arrival time generation.
2. packet content (header and payload) generation.

The packet header contains source address, destination address(es), priority, control,
FEC, and the testing field. The testing field contains a VCN, SN, and time stamp. The
testing field is used for performance measurement. If the packet header size is not large
enough to include the testing field, the testing field may be included in the packet
payload. The following discussion assumes that the testing field is included in the
packet header.

Different approaches of implementing the above two functions in a traffic generator are
considered as follows. Depending on the objectives of the testing, three different
approaches can be used for traffic generation. First, a commercially available traffic
generator or bit pattern generator is used. The major disadvantage is that these
generators are not very flexible. For the packet arrival time generation, either the
packet arrival time is a constant (for example, packets are read from the RAM following
a specific sequence) or only a very few statistical queueing models are available. For the
packet header generation, the number of different packet headers is limited and/or it is
very specific to certain traffic types (for example ATM). The second approach is to build
a static traffic generator in house. The static traffic generator reads packets from a
RAM following a deterministic sequence repeatedly. The packet arrival time is
deterministic. The number of packet headers which can be specified is limited by the
RAM size. Although the static generator can not evaluate the switch performance (such
as loss and delay) and the effectiveness of the congestion control algorithm, it can be
used to verify the switch operation (such as switch routing). The third approach is to
build a dynamic traffic generator. This section will focus on the hardware/software
implementations of a dynamic traffic generator. For real time operation, the
implementation of the TG should be as hardware oriented as possible.
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‘Before different implementations of a dynamic traffic generator are presented, two
important issues are discussed: the uplink rate and the number of traffic generators.
The number of traffic generators required largely depends on the role of the traffic
generator in the satellite network. If one traffic generator is equivalent to one terminal,
then the number of traffic generators is 8 x 1024, which is too excessive. If one traffic
generator represents one carrier, then the number of traffic generator is 8 x 32. In this
case, each TG is shared by at most 32 terminals since there are only thirty-two 64-
kbit/sec slot in one carrier (assuming that there is no subchannel allocation). As
discussed in Section 3, eight hardware multiplexer devices need to be built in front of
the switch to multiplex uplink carriers into a single high-speed TDM stream. This may
increase the cost. of the switch and make the analysis of the traffic pattern more
difficult. The reason is that even though the traffic pattern for each carrier is known in
advance, the statistical multiplexed traffic pattern is not known.

If one traffic generator generates the aggregate traffic from all the terminals in one
uplink beam, there are only eight traffic generators. The output of the traffic generator
can be directly interfaced with the input port of the switch. The correspondence
between the role of the traffic generator and the number of traffic generators is listed in
Table 5-1.

Table 5-1. Correspondence between Role of Traffic Generator and Number of Traffic

Generators
Role Number
terminal 8192
carrier (2 Mbit/sec) 256
beam 8

As indicated in Reference 1-1, the uplink rate in the operational system is 65.536
Mbit/sec. Since the size of the packet is 2048 bits, each TG has to be able to generate
packets at 32 kpkt/sec. This rate determines whether it is feasible for the TG to
generate the traffic in real time. This rate along with the testing duration and the size
of the packet header determines the amount of storage required if the traffic is
generated off-line. Most commercially available CPU board can only generate packets
with a rate in the range of 10 Mbit/sec. This constraint is due to different factors such
as the CPU speed and the number of CPU cycles required to generate packet arrival
times following a certain distribution. In order to generate packets with the desired
speed, special CPU such as a RISC processor or special hardware must be used. If the
traffic profile of the traffic generator is constructed off-line, then the speed of generating
a packet arrival time is not a concern. To generate 65.536 Mbit/sec real time data, the
RAM access cycle is only 2.048 MHz using a 32 bit parallel bus. The parallel to serial
converter (between the RAM and the switch) is widely available in the 65.536 MHz

range.
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5.1 On-Line Dynamic Traffic Generation

The on-line dynamic traffic generation requirement is listed in Table 5-2.

Table 5-2. On-Line Traffic Generation Requirement

Requirement Value
speed (bit/sec) 65.536 Mbit/sec
speed (pkt/sec) 32 kpkt/sec

There are two approaches, A and B, for on-line dynamic traffic generation. Approach A
is to use a workstation (or a PC) to generate real-time traffic. The possible configuration
of the TG is shown in Figure 5-1. The workstation must have a physical connection to
the outside world. The workstation has an user interface. The user interface should be
flexible enough such that the user can set up the test configuration, select the source
queueing model for each traffic simulator, characterize the parameter values for each
queueing model, enter the duration for the testing, and select the performance
measurements. If the workstation is able to handle the generation of individual
packets, it generates arrivals of fixed-size packets by executing some traffic source
queueing algorithms and assigning the fields of a packet header. Some of the fields in
the packet header such as the destination and the priority can be generated by applying
different probabilities. If the workstation can not handle each individual packet, the
workstation may generate arrivals of larger packets, for example an image or a frame.
The workstation generates arrivals of large, variable-length packets by executing simple
traffic source queueing algorithms and their associated packet headers. The host-
network interface segments the variable-length packets into fixed-length packets and
attaches packet headers. The interface also performs FEC and idle cell insertion to
maintain link synchronization. The host-network interface chips (most of them are for
ATM applications) are available in the market and the speed can go up to 155.52
Mbit/sec. To minimize the cost, a workstation may have to generate traffic for more
than one uplink beam. The on-line approach is more feasible if the speed requirement is
low. The hardware/software requirements are listed in Table 5-3.

Sun Host-Network
g |
Workstation Adaptor
» Traffic Model » Segmentation

» Packet Generator e« Line Interface

Traffic Generator

Figure 5-1. Traffic Generator Configuration A
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Table 5-3. Hardware/Software Requirement for Configuration A

Hardware Software

workstation to generate packet (simple) statistical queueing model
arrivals and packet headers on-line . .
interface driver

high-speed bus

host-network adaptor to segment
variable-size packets into fixed-size
packets, to attach the packet
header, to perform FEC on packet
header, and to insert idle packets

Approach B is to use the workstation to load the burst traffic profile of some statistical
queueing arrival process to a processor board off line (see Figure 5-2). The processor
board generates packet arrival time based on the burst traffic profile using hardware
mechanisms. An example is given below.

A 27 Mbit/sec on-line ATM TG was proposed in Reference 5-1. The TG generates on-off
process traffic on-line and in real time. An on-off process is characterized by the on
state duration, off state duration and on state arrival rate. The on state packet arrival
rate is a constant. The on- and off-state duration is a function of time. The burst traffic
profile of each on-off process is constructed off-line by the workstation. The burst traffic
profile format is shown in Figure 5-3. The traffic profile is a series of bursts and each
burst consists of two elements: the number of information packets and the number of
idle packets. The TG generates real-time traffic using these two parameters. At the
start, the TG generates burst 0. The arrival time of information packets is generated
using the peak rate. If the peak packet arrival rate is equal to the link speed/packet
size, there is no gap between two information packets.

Sun
Workstation
* Traffic Model
Processor Line
* Packet Generator * |dle Packet Insertion
*FEC
Traffic Generator

Figure 5-2. Traffic Generator Configuration B



' Number of Info. Packets
Burst 0 { Number of Idie Packets
Number of Info. Packets

Burst 1 { Number of idie Packets

{ Number of Info. | Packets
Burst n \ | "Number of idle Packets

Figure 5-3. Burst Traffic Profile Format for On-Off Process

A counter is implemented to count the number of information packets generated. When
the counter value reaches the specified number of information packets in the table,
generation of information packets stops. Then the TG generates the idle packets. The
same implementation is used to count the number of idle packets. When the counter
value reaches the number of idle packets specified in the table, generation of idle
packets stops. Then the TG fetches the parameters for burst 1. The procedure repeats
itself.

This procedure can be directly applied to this study. Let the peak rate for the on-off
process be 32 kpkt/sec. The packet slot time is 31.25 ps. Within 31.25 ps, the processor
must generate the packet header, which includes source address, destination
address(es), priority, control, FEC and other testing fields.

There are two methods to generate the packet header of an information packet. The
first method is to generate the packet header on-line. The processor must be able to
generate source address, destination address(es), priority, control, FEC and the testing
field. The second method is to store (a small amount of) sample packets in a file. The
processor simply fetches the packet in the file either randomly, following a specific
sequence, or following a certain distribution. The techniques of generating a random
number or generating a sample from a given distribution will be introduced later. The
header fields which can be pregenerated are source address, destination address(es),
priority, control and VCN. For example, if there are only point-to-point packets and the
destination distribution is uniform, the file can contain sixty-four packets, one packet is
for one dwell in one downlink beam. One packet is associated with a distinct VCN.
Every time a packet header needs to be generated, the processor picks one of the sample
packets randomly. However, since some of the test fields (for example the sequence
number and the departure time stamp) can not be determined until generation of a
packet really occurs, the SN and the departure time stamp have to be inserted into the
testing field in the packet header on-line and in real time.

The same concept can be extended to generate the MMDP packet arrivals. An MMDP
packet arrival process is characterized by four parameters: state 1 duration, state 1
arrival rate, state 2 duration, and state 2 arrival rate. The burst traffic profile format is
shown in Figure 5-4. The state duration is a function of time. The burst traffic profile is
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‘a series of bursts and each burst consists of two elements: the number of information
packets for state 1 and the number of information packets for state 2. At the start, the
TG generates burst 0. The TG uses the state 1 (constant) arrival rate to generate
information packets. When the number of information packets generated reaches the
specified number in the table, generation of information packets for state 1 stops. The
TG starts generating information packets for state 2. When the number of information
packets reaches the specified number in the table, generation of information packets for
state 2 stops. Then the TG fetches the parameters for burst 1. The procedure repeats
itself. Since the packet arrival rate may be smaller than the link transmission rate,
there are gaps between the information packets. A line interface is required to
synchronize the uplink transmission time of information packets, fill the gaps between
two information packets with idle packets and perform FEC on the packet header.

Number of Info. Packets for State 1
Burst 0 { Number of Info. Packets for Staze 2

Number of Info. Packets for State 1
Burst 1 { Number of info. Packets for State 2 |

{ Number of Info. T:ackets for State 1
Burst n \ 'Number of info. Packels for Stale 2

Figure 54. Burst Traffic Profile Format for MMDP Process

It is possible to make both the state duration and the arrival rate as a function of time.
The burst traffic profile format is shown in Figure 5-5. The burst traffic profile is a
series of bursts and each burst consists of four elements: the arrival rate for state 1, the
number of information packets for state 1, the arrival rate for state 2, and the number of
information packets for state 2. At the start, the TG generates burst 0. The TG fetches
the state 1 arrival rate and uses the arrival rate to generate information packets. When
the number of information packets reaches the specified number in the table, generation
of information packets for state 1 stops. The TG starts generating information packets
for state 2. The TG fetches the state 2 arrival rate and uses the arrival rate to generate
packets. When the number of information packets reaches the specified number in the
table, generation of information packets for state 2 stops. Then the TG fetches the
parameters for burst 1. The procedure repeats itself, A line interface is required to
synchronize the uplink transmission time of information packets, fill the gaps between
two information packets with idle packets and perform FEC on the packet header.
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Amival Rate for State 1
Number of Info. Packets for State 1
Burst 0 Arrival Rate for State 2
Number of Info. Packets for State 2 |
Amval Rate for State 1
Number of Info. Packets for State 1
Burst 1

Armival Rate for State 2
Number of Info. Packets for State 2

o
Arrival Rate for State 1
Number of Info. Packets for State 1
Burstn

Arrival Rate for State 2
Number of Info. Packets for State 2

Figure 5-5. Burst Traffic Profile Format for MMDP when Parameters are Function of Time

The functional diagram of the processor board is shown in Figure 5-6. The arrival of an
information packet triggers the generation of a random number. The random number is
used as the input to the selection circuit to select a packet from the sample packet
header pool. The testing fields such as SN and departure time stamp are generated in
real time.

Although the concept of generating the MMDP packet arrivals on line can be extended
to that for the MMPP packet arrivals, the MMPP packet arrivals are more difficult to
generate on the fly. The reason is that the MMDP process generates packets at a
constant rate while the MMPP generates packets following an exponential distribution.
Constant packet arrivals can be implemented using a counter. To generate an
exponential interarrival time, the processor must generate a random number and then
apply the inverse transform technique [5-2). The theory of generating a random number
is presented first. Then the theory behind the inverse transform technique is described
using the exponential arrival time as an example
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Figure 5-6. Functional Block Diagram of Processor Board

Since the random number is generated by executing an algorithm, the random numbers
actually can be predicted. These random numbers are referred as "pseudo” random
numbers. Most of the pseudo random numbers are uniformly distributed between 0 and
1. Since there are only a finite number of possible values for a pseudo random number
(due to the number of bits used to represent a number in a machine is finite), after a
certain period, the pseudo random numbers will repeat themselves. The period of the
pseudo random numbers must be larger than the duration of a simulation or a test.
Two algorithms are described below to generate the pseudo random numbers. The first
one is the congruential generator.

X; = Axi-l + B (mod C)

m = x;/C.
The xg is the seed of the pseudo random numbers. In order for the repetition period to
be very long, the A, B, and C constants must be very large. This method is more

suitable for a mainframe computer where representation of a large number is an easy
task.

The second algorithm was proposed by Wichmann and Hill [5-3]. The algorithm needs
three seeds and uses three linear congruential generators.
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X =Ax;1(modP)
¥i =B yi-1 (mod Q)
z; = C z;.1 (mod R)

rn = (x;/P + yi/Q + z;/R) (mod 1), where P, Q, and R are distinct prime
numbers and xg, ¥, and zg are three seeds.

The advantage of the second algorithm is that they can be implemented on 8- or 16-bit
machines.

To implement a pseudo random number generator, there are three methods. The first is
to use a lookup table. A large amount of pseudo random numbers are pregenerated and
stored in a table. The second is to compute a pseudo random number on line using one
of the two algorithms by software. The third is to compute a pseudo random number on
line using one of the two algorithms by hardware.

The inverse transform technique is described below.

The exponential distribution has the probability density function as

a(t) = A e-M, wheret> 0

and the probability cumulative function as

A(t)=1- e M, wheret20.

Let R=A(t)=1- e-M. Thent can be expressed as
-1
t= x Log (1-R).

The value of R (rn) is between 0 and 1 and it follows the uniform distribution. Since R
(rn) and t have a one-to-one correspondence, by generating a value for rn, a value for an
interarrival time t can be obtained by applying the inverse transform.

To generate a series of samples (t;) which have an exponential distribution, the
following steps should be followed.

Step 1: Generate a random number rn;.
-1
Step 2: Compute t; = 73 Log (1-rn;).

Step 2 can be implemented by a lookup table, software or hardware. The burst traffic
profile format for an MMPP is similar to that in Figure 5-5.

The hardware/software requirements are listed in Table 5-4.
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Table 5-4. Hardware/Software Requirement for Configuration B

Hardware Software
M

workstation to generate burst statistical on-off queueing model

ou;ﬁa..%i;:eproﬁle and sample packets interface driver

high-speed bus

processor board to generate packet
arrival times based on the burst
traffic profile

processor board to select a sample
packet header in the file

processor board to generate testing
fields such as SN and time stamp

line interface to synchronize
transmission time, to insert idle
packets, and to perform FEC on
packet header

The configuration B traffic generator, which uses software process driven approach, is
feasible for low speed applications. For high-speed TGs, there are two alternatives. The
first is to use a multiplexer to multiplex the traffic generated by several low-speed TGs
into a high-speed stream. For example, a TG represents a carrier. The traffic pattern
for the uplink beam is obtained by multiplexing the traffic produced by thirty-two TGs.
The second is to develop special hardware.

5.2 Off-line Dynamic Traffic Generation

If on-line real time traffic generation imposes a high hardware complexity to the
testbed, then the off-line approach should be considered. The advantage of the off-line
approach is that the processing time to generate a packet in real time is reduced to a
minimal; however, a large amount of memory may be required to store the pregenerated
data. The aggregate traffic pattern for each uplink beam is generated by the network
simulator (using event-driven simulation techniques). The test engineer specifies the
duration of the simulation time, which is equivalent to the duration of real-time testing.
The network simulator stores the output of the simulation in a file. After the traffic
generation is completed, the file is transferred from the network simulator to the traffic
generator. When the test starts, the TG simply plays out the data in the file. The
configuration for off-line traffic generation is shown in Figure 5-7.
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Figure 5-7. Traffic Generator Configuration C

The determination of the simulation duration is based on whether the testing is to
verify the switch operation (such as routing function and congestion control algorithm)
or to measure the performance. To verify the switch operation, the simulation time is
not the primary concern. What is paramount is the traffic pattern. For example, to test
the switch routing function, the generated traffic patterns must be able to test different
switching paths of the switch. To test the effectiveness of the congestion control
algorithm, the traffic pattern must be able to generate traffic overload on certain beams.

To take measurements on the switch performance (such as packet loss ratio), in addition
to a realistic traffic pattern, the simulation time must be long enough such that the
measurement result can achieve a certain confidence interval. The following discusses
the simulation duration (or real time testing duration) required to achieve a certain
confidence interval for a measured parameter. '

Let © be the measured parameter. The E[O] is the estimator for © by simulation. An
accuracy criterion ¢ is specified such that E[O] can be used to estimate © with the
accuracy € with a probability of 1-a. In other words,

P(IE[@]-Ol <g)21-0. (5-1)

Let the sample variance of © be S and the number of observations (or the size of the
sample space) be N. If all the samples are statistically independent, the variance of the
estimator E[©] is given as ‘

var{E[6]] = 5 = oXE(O] = (c0)%.

. E[
Then the statistic t ————'—( =

N [5-2]. Therefore, the 100 (1 - @)% confidence interval for E[©] is expressed as

is approximately student-t distributed with a freedom of
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E[©] - t{a/2,N-1) (o) < © < E{O] + t(a/2,N-1) (Gg), (5-2)
where #(e/2,N-1) is defined as P(t 2 t(a/2,N-1)) = o/2.

Based on Equation 5-1, to satisfy a given accuracy &, the following equation must hold
true:

t(a/2,N-1) (0g) <e&. Substitute (cg) with‘\/ % , then

Y2 N-1)

N2( ¥ S (5-3)

(o]

Since t(0/2,N-1) 2 z(0/2), where z(a/2) is defined as P(z > z(0/2)) = of2 for a normal pdf=
\I—';zexp(-z2/2) with mean zero and variance 1, the above equation can be written as
4

z(a/2)
£

N2( )28 (5-4)

Let £ = E©. Then

Nz(Z(é—'g)P S,

Therefore, the value of N depends on the value of S, the variance of the estimator. It
was suggested in Reference 5-1 that the value of S can be in the same order as the
estimated quantity ©, when © is in the order of 10, wheren > 1. To estimate a packet
loss ratio () of 10" with E =0.1 and 95% confidence interval (o = 0.05) or 90%
confidence interval (a = 0.1), the minimum number of samples (packets) which required
to be generated is listed at Tables 5-5 and 5-6.

Table 5-5. Number of Packets Required to Estimate PLR for 95% Confidence Interval

PLR Number of Packets
106 2.4x107
107 2.4x108
108 2.4x109

Table 5-6. Number of Packets Required to Estimate PLR for 90% Confidence Interval

PLR Number of Packets
10-6 2.3 x 107
107 2.3x 108
108 2.3x 109
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"Note that when the testing duration is longer than the duration of the data stored in the

file, it is inevitable that the TG must repeat its traffic pattern. In order not to duplicate
the traffic history, different TGs may select a starting point of the file to read
differently. In this case, the interaction among different TGs on the switch will be
different and the measurement results will be different from the previous ones. Now
the question is what should be the format of the file. There are several alternatives.

¢ The first is the network simulator generates the exact output format for entire
testing duration, i.e., information packets and idle packets with headers.

e The second is the network simulator only generates the headers for
information packets and idle packets.

e The third is the network simulator generates the arrival times and their
associated information packets. ’

e The fourth is the network simulator generates the the arrival times and their
associated information packet headers.

e The fifth is the network simulator generates the arrival times of the
information packets for the entire testing duration. A small amount of sample
information packet headers are also generated.

e The sixth is the network simulator generates the busy/idle status of the traffic
generator for the entire testing duration. A small amount of sample
information packet headers are also generated.

e The seventh is the network simulator only generates a small amount of
sample packets.

For the first four file formats, a packet header contains 1) destination field, 2) source
field, 3) priority field, 4) control field, 5) FEC field, and 6) testing field. The testing field
contains VCN, SN and arrival time stamp. There are two different time stamps: the
arrival time and the departure time. The arrival time stamp means the time the packet
arrives to the TG. The departure time stamp means the time the packet leaves the TG.
The arrival time of a packet can be pregenerated and the departure time must be
generated in real time. If the traffic generator has not implemented the congestion
control algorithm, the arrival time is equivalent to the departure time. When the
congestion control algorithm is applied, the packets may be temporally delayed at the
traffic generator. In this case, the difference between the arrival time and the
departure time represents the queueing delay at the traffic source during congestion.

For the fifth and the sixth file formats, a packet header contains 1) destination field, 2)
source field, 3) priority field, 4) control field, 5) FEC field, and 6) testing field. The
testing field contains VCN. The arrival time stamp information is available from the
file and the departure time stamp needs to be generated in real time. The SN for each
packet has to be generated in real time.
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"For the seventh file format, a packet header contains 1) destination field, 2) source field,
3) priority field, 4) control field, 5) FEC field, and 6) testing field. The testing field
contains VCN. The departure time stamp and SN for each packet must be generated in
real time.

The pros and cons of these output formats are addressed below.

The first output format alternative is to replicate the complete profile of the traffic
pattern for the entire testing duration . An example of the fii . format is illustrated in
Figure 5-8. After the traffic generator receives the file, the TG sends out the packets in
the file using the constant source rate. The source rate is the same as the uplink rate.
The functional block diagram of the hardware board for file format alternative I is
shown in Figure 5-9.

" Traffic File

sourcel pri. jcontrol |[FEC |[VCN

Payload | Header

Information Packet

Idle Packet
NN

Figure 5-8. Traffic File Format Alternative I for Configuration C

The second alternative basically is the same as the first one except the traffic generator
needs to generate the packet payload itself. Since the packet payload is not important
in testing the switch, the payload contents can be the same for every packet or contain
pseudo random sequence numbers. Therefore, it may be more advantageous to let the
traffic generator to generate the packet payload such that the file storage requirement
can be reduced. The functional block diagram of the hardware board for file format
alternative II is shown in Figure 5-10.
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Figure 5-9. Functional Block Diagram of Hardware Board for File Format Alternative |
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Packet Alternative 1l
- .
SN =1 MUX Line
Testing - Interface
Fields
Departure FEC
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Packet Payload

Figure 5-10. Functional Block Diagram of Hardware Board for File Format Alternative Il

The third alternative only generates the information packets. To know the arrival time
of each information packet, a time stamp is sent with the information packet [5-4]. The
time stamp contains the arrival time of a packet. The time stamp and the
corresponding packet are store in a memory. The file format is illustrated in Figure 5-
11. The scheme is used in Reference 5-1, which is similar to event driven simulation.
The source reads the next time stamp in memory. The time stamp is compared with the
current time. The difference is used to set a timer. When the timer expires, the TG
sends out the information packet. And then the same procedure repeats. The
functional block diagram of the hardware board for file format alternative III is shown
in Figure 5-12.
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Figure 5-11. Traffic File Format Alternative Ill for Configuration C

Packet
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Figure 5-12. Functional Block Diagram of Hardware Board for File Format Alternative il

The fourth alternative is similar to the third alternative except only the packet headers
of the information packets and their arrival times are generated. The traffic source is
responsible of generating the payload. The functional block diagram of the hardware
board for file format alternative IV is shown in Figure 5-13.
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Figure 5-13. Functional Block Diagram of Hardware Board for File Format Alternative IV

The fifth alternative is to generate the arrival times of the information packets for the
entire testing duration. The file format is illustrated in Figure 5-14. A pool of sample
packet headers are constructed off-line. When the TG needs to generate an information
packet, the TG simply picks one of the packet headers in the pool either randomly,
following a specific sequence or following a certain distribution. The possible
implementation for a pseudo random number generator and the inverse transform
scheme has been discussed before. The arrival times can be used as the arrival time
stamp. However, the TG must generate SN and departure time stamp in real time.

Traffic File
10 Time 0
13 Time 3
t4 Time 4
7 Time 7
19 Time 9

10 Time 10

2| | Time 12

t14 Time 14
115 +1Tme 15

Figure 5-14. Traffic File Format Alternative V for Configuration C
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“The functional block diagram of the hardware board for file format alternative V is
shown in Figure 5-15.

Paéket Traffic
Arrival Time File
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Generator
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Testing --_: MUX Interface
Fields |
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Time Stam Idle Packet Insertion
Packet

Payload Packet Payload

Figure 5-15. Functional Block Diagram of Hardware Board for File Format Alternative V

The sixth alternative is to generate the busy/idle status of the traffic generator for the
entire testing duration. The busy/idle status can be represented using a bit. The file
format is illustrated in Figure 5-16. A pool of sample packet headers are constructed
off-line. The sample packet headers cover all the possible combinations of different
destinations and priorities. The TG examines the busy/idle bit at every slot. Ifit is a
busy bit, the TG simply picks one of the packet headers in the pool either randomly,
following a specific sequence or following a certain distribution. If it is an idle bit, the
TG generates an idle packet. The time stamp can be represented using the number of
bits which have been elapsed. For example, the first bit corresponds to time 31.25 ms,
the second bit corresponds to 2x31.25 ms, and so on. Since the arrival times are already
available and can be used as the time stamp field, the TG only has to attach the time
stamp in the packet header. However, the TG must generate the sequence number in
real time. Since the file only contains the busy/idle status for the traffic generator and a
small amount of sample packets, this alternative results in the lowest storage
requirement compared with the previous alternatives. The functional block diagram of
the hardware board for file format alternative VI is similar to that for file format
alternative V and will not be repeated here.
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Figure 5-16. Traffic File Format Alternative VI for Configuration C

The seventh alternative is to have only a pool of sample packet headers. This
alternative is the same as static testing where the packet arrival times are constant.

The following computes the storage requirement for each alternative. Assume the
arrival time, which is essentially the time stamp, is one of the testing fields in the
packet header. Let the smallest time unit is the packet slot time (31.25 ps). The time
stamp size is 32 bits, which can be used to represent an absolute time from 31.25 ps to
134217.728 sec (or 37.28 hours). The size of the packet header is 128 bits and that of
the packet is 2048 bits. Assume the measured parameter is the packet loss ratio. To
estimate a packet loss ratio of 10-6 with an accuracy of 0.1 and 95% confidence interval,
the number of packets required to be generated is at least 2.4 x 107. Since there are
eight TGs, the number of packets required to be generated for one TG is 3.0x 108, which
is equivalent to 93.75 sec if packets are generated using the link rate. If the link
utilization is 0.9, then the number of packets required to be generated will be 3.33 x
106, where there are 3.0 x 106 information packets and 0.33 x 106 idle packets.

For file format alternative I, the memory has to store the information packets and idle
packets for the entire testing duration. Assume the link utilization is 0.9. The amount
of storage is 6.82 x 10° bits, which is equivalent to 852.5 Mbytes. If the storage
requirement is too large for RAMs, then disk or tape may be considered. Assume the
bus width of the memory is 32 bits. The memory access time requirement is < 0.488 ps
since a 2048-bit packet must be read out in less than 31.25 ps.

For file format alternative II, the memory has to store the information packet headers
and idle packet headers for the entire testing duration. Assume the link utilization is
0.9 The amount of storage is 4.26 x 108 bits, which is equivalent to 53.25 Mbytes.
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Assume the bus width of the memory is 32 bits. The memory access time req\ﬁreinent is
< 7.8125 ps since a 128-bit header must be read out in less than 31.25 ps.

For file format alternative III, the memory has to store the arrival times and their
associated information packets for the entire testing duration. Note the arrival times
for idle packets are not stored. Assume the link utilization is 0.9. The amount of
storage for information packets is 6.144 x 10° bits, which is equivalent to 768 Mbytes.
Assume the arrival time is one of the header fields such that the arrival times will not
consume additional memory. Assume the bus width of the memory is 32 bits. The
memory access time requirement is < 0.488 pus.

For file format alternative IV, the memory has to store the arrival times and their
associated packet headers for the entire testing duration. Assume the link utilization is
0.9. The amount of storage for information packet headers is 3.84 x 108 bits, which is
equivalent to 48 Mbytes. Assume the arrival time is one of the header fields such that
the arrival times will not consume additional memory. Assume the bus width of the
memory is 32 bits. The memory access time requirement is < 7.8125 ps.

For file format alternative V, the memory stores the arrival times for the entire testing
duration and a pool of sample packets. Assume the link utilization is 0.9. The amount
of storage for arrival times is 9.6 x 107 bits, which is equivalent to 12 Mbytes. Assume
the sample packets consist of packets directed to different beams (both point-to-point
and multicast), to different dwells (point-to-point), and of two priorities. There are 4096
combinations; each combination corresponds to a unique VCN. Since the packet header
has 128 bits, the additional amount of storage is 0.065 Mbytes. Assume the bus width of
the memory is 32 bits. The memory access time requirement is < 6.25 ps.

For file format alternative VI, the memory stores the busy/idle status of the traffic
generator for the entire testing duration and a pool of sample packets. The amount of
storage for arrival times is 3.3 x 106 bits, which is equivalent to 0.4125 Mbytes. The
additional amount of storage for packet header is the same as file format V, which is
0.065 Mbytes. Assume the bus width of the memory is 32 bits. The memory access time
requirement is < 7.8125 ps.

For file format alternative VII, the memory stores a pool of sample packets. Assume the
sample packets consists of packets directed to different beams (both point-to-point and
multicast), to different dwells (point-to-point), and of two priorities. There are 4096
combinations. Since the packet header has 128 bits, the additional amount of storage is
0.065 Mbytes. Assume the bus width of the memory is 32 bits. The memory access time
requirement is < 7.8125 ps.

From the above comparisons, file format IV does not save a significant amount of
memory compared with file format II. The only difference between file format IV and
file format II is that format IV does not save the arrival times of idle packets in the file
and format II does. However, the hardware complexity for file format IV is expected to
be higher than file format II because the packets in file format II can be read out using a
simple counter while the packets in file format IV needs to use a timer to be generated.
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File formats I and II require the least hardware and file format VI has the least amount
of memory requirement compared with the other (dynamic) file formats. A comparison
of the storage and memory access time requirements for different file formats is provide
in Table 5-7. The hardware/software requirements for the off-line approach are listed in
Table 5-8.

Table 5-7. Storage and Memory Access Time Requirements for Different File Formats

Format Storage Memory Access Remark
(Mbytes) Time (us)
W

1 852.5 0.488

II 53.25 7.8125 need to attach packet payload

I 768 0.488 0.9 link utilization, 32 bit time stamp

v 48 7.8125 0.9 link utilization, 32 bit time stamp,
need to attach packet payload

v 12+0.065 6.25 beam multicast, 2 priority, 32 bit time
stamp, need to attach packet payload

VI 0.4125+0.065 7.8125 busy/idle status, time stamp is
abstract.beam multicast, 2 priority, need
to attach packet payload

ViI 0.065 7.8125 static testing, beam multicast, 2 priority,

need to attach packet payload

Table 5-8. Hardware/Software Requirements for Approach D

Hardware Software
w
workstation to generate the statistical queueing model
busy/idle status of the traffic interface driver
generator for the testing duration
. algorithm of selecting a sample
high-speed bus packet header in the file

memory to store the traffic file

hardware board to generatea -
packet arrival time based on the
traffic file, to read a packet header
from the memory, to attach the
packet payload, and to generate SN
and departure time stamp

line interface to synchronize
transmission time, to insert idle
packets, and to perform FEC on
packet header

The necessary modifications of the TG to provide the traffic source response procedure
to congestion are discussed below.
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5.3 Dynamic Traffic Generation Considering Congestion
Control

In order to determine the congestion response procedure in the TG, the‘congestion
control performance, the congestion detection procedure in the switch, and the
monitoring capability of the testbed must be defined first.

5.3.1 Congestion Control Performance

The congestion control performance can be evaluated by
1. on-board packet loss ratio under normal and overload conditions
2. downlink beam throughput under normal and overlo-ad conditions
3. end-to-end packet delay under normal and overload conditions
4. congestion detection time
5. congestion response time
6. congestion recovery time.

An effective congestion control algorithm should maintain the PLR at the desired levels
on-board under different traffic loading conditions. A congestion control algorithm with
an extremely low PLR (due to overreacting to congestion at the traffic source) or a high
PLR (due to slow response to congestion at the traffic source) is considered to be
inefficient. An effective congestion control algorithm should also maximize the satellite
resource, i.e., the downlink beam throughput. When congestion occurs, the (data)
packets are buffered at the source. The packet loss is reduced at the expense of the
packet delay. The end-to-end delay can be used to identify the congestion interval and
the protocol parameters (such as the time-out value). The congestion detection time is
defined as the interval between the time of congestion onset at the traffic source and
that of congestion detection at the satellite. The congestion response time is defined as
the interval between the time of congestion detection at the satellite and that of
congestion relief at the satellite. The congestion recovery time is defined as the interval
between the end of overload period at the source and the instant that the end-to-end
delay is back to normal [5-5].

The long-term average measurements can not catch the dynamic behavior of the
algorithm. The PLR, downlink beam throughput, and the end-to-end delay should be
measured as a function of time.

5.3.2 Congestion Detection Procedure

Two switching architectures: shared memory switch and shared bus switch were
selected as candidates in Reference 1-1 for subsequent breadboard design. The proposed
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congestion control schemes in Reference 4-1 are directly applicable to these two
switching architectures. The radical preventive congestion control scheme (A6) is
selected as the representative for discussion since it has the simplest implementation
and it is well suited for the meshed VSAT satellite environment. However, the
discussion of implementing the source response procedure to congestion is general
enough such that it can be extended to other schemes easily. Although the congestion
control scheme only deals with beam overload, the scheme can be directly extended to
dwell overload. The congestion control scheme comprises two procedures: congestion
detection procedure and source response procedure to congestion. The congestion
detection procedure is discussed below.

Congestion is detected when the switch loading exceeds a certain threshold. As
illustrated in Figure 5-17, the switch loading can be represented by

* mean arrival loading to the queue.
¢ queue output utilization

* average queue length.

OAj OUj
Arrival Output Queue Queue
Load Utilization
— -
Queue
]
On-Board Length

* | Baseband Switch | *®
a [ ]

Figure 5-17. Representations of Switch Loading

Define the following notation:
OA: the mean arrival loading of the switch.
OAj: the mean arrival loading at output j, where 0 < OAj< 8.
OUj: the mean queue utilization at output j, where 0= OUj < 1.
oajj; the mean arrival loading at output j from input i, where 0 < oajj < 1.

oujj: the mean queue utilization at output j from input i, where 0 < oujj < 1.
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The mean output queue arrival loading (OA;) is defined as

number of packets in measurement interval
number of uplink slots in measurement interval

where an uplink slot is defined as packet size/uplink speed.

The mean output queue utilization (OUj), which is also the mean downlink beam
utilization, is defined as

number of packets in measurement interval
number of downlink slots in measurement interval

where a downlink slot is defined as packet size/downlink speed.

The congestion detection procedure for different switch loading representations is
described in the following.

5.3.2.1 Maean Arrival Loading

The mean arrival loading is measured in front of the queue. The mean output queue
arrival loading (OA;) measures the traffic multiplexed from different uplink beams
destined to downlink beam j. In general, O < mean arrival loading (OA;j) < N for output
buffering.

The summation of the mean arrival loading to output j from different inputs divided by
8 is the mean arrival loading to output j.

7
0Aj = (z 0a;;)/8.
i=0

The summation of the mean arrival loading at different output ports divided by 8 is
equal to the average output arrival loading, i.e.,

7
OA = () 0A;)8.
i=0

The mean arrival loading at the output port is limited by the switch throughput and the
downlink capacity. Clearly, the switch throughput must be larger than the downlink
capacity for output queueing to occur. From the M/D/1 queueing theory, the mean
arrival loading should not exceed (0.9 x downlink capacity); otherwise, the queueing
delay at the output queue will be increased exponentially.

Depending on the degree of fairness (and the monitoring capability) considered, more
measurements may be required (on the satellite and/or the ground). A fair congestion
control algorithm will reduce the user traffic volume based on the percentage the user
contributes to congestion. The higher degree of fairness, the more of the measurement
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results and the more complex of the algorithm. As illustrated in Figure 5-18, the
measurement results of traffic loading can range from average output loading, average
individual output loading, average individual output loading from different uplink
beams, average individual output loading from different terminals, and average
individual output loading from different virtual circuits.

Output Mean
Arrival Loading

v

Output Mea
Arrival Loading j

Y

Network Level

Downlink Beam Level

Output Mean
Arrival Loading j Uplink and Dowlink Beam Level
from Input i
Output Mean
Amival Loading j Terminal Level

from Temninal k

Y

Output Mean ) o
Armival Loading j Virtual Circuit Level

from Virtual Circuit |

Figure 5-18. Different Levels of Congestion Control

By measuring the average output arrival loading OA, the amount of traffic reduction for
the whole network can be determined. An operation range, (OA;,OAy}), is established for
OA. The midpoint of the operation range is denoted as OAy,. The operation range is
obtained from the PLR curve derived from experiments, simulation, or queueing
analysis. If OA > OAp, congestion is detected. A congestion control message is
broadcast to different beams, i.e., the OBSC sends out congestion control messages to all
terminals. The amount of traffic reduction, which should be undertaken by all
terminals is ?ﬁ{n The traffic reduction algorithm uses the centralized scheme since the

amount of traffic reduction is instructed by the OBSC.

By measuring the OAj, the degree of congestion at different downlink beams can be
identified. To guarantee the QOS of different connections on-board, an operation range,
(OA;,0Ap), is established for each OA;. The midpoint of the operation range is denoted
as OAjn. The operation range is obtained from the PLR curve derived from
experiments, simulation, or queueing analysis. If OA; > OAjm, congestion is detected. A
congestion control message is broadcast to different beams, i.e., the OBSC sends out
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-coﬁgestion control messages to all terminals. The amount of traffic reduction, which

should be undertaken by all terminals, for downlink beam j is %}:‘L The traffic

reduction algorithm uses the centralized scheme since the amount of traﬁic reduction is
instructed by the OBSC.

The second is to measure OAj and oajj. By measuring OA; and oajj, not only the degree
of congestion at different downhnk beams can be identified, the amount of loading
contributed by each uplink beam to the overload downlink beam can also be identified.
In this case, the amount of traffic reduction for terminals at different uplink beams will
be different based on the comparison results. As discussed before, if OA; > OAjn,
congestion is detected. When congestion is detected, oajj is compared with oajjm. The
comparison results determine the amount of traffic reduction for downlink j, which
should be undertaken by terminals at uplink i. The OBSC sends out 8 "different”
congestion control messages to 8 different uplink beams. The terminals at uplink i will
reduce their traffic directed to downlink beam j according to the received message.

By measuring OA, the amount of traffic reduction for the network can be determined.
By measuring OA;, the amount of traffic reduction for a particular downlink beam for all
terminals can be determined. In this case, all terminals in the network are required to
reduce the same amount of traffic. Clearly, this is only fair if it is a homogeneous
network, i.e., all the terminals in the network have exactly the same behavior. By
measuring OA;j and oajj, the amount of traffic reduction for a particular downlink beam
for all terminals in a particular uplink beam can be identified. In this case, all the
terminals in the same uplink beam are required to reduce the same amount of traffic.
This implies that the terminals in the same uplink beam are homogeneous. This
assumption matches with the that made for the TG. By measuring mean output arrival
loading from each terminal, the amount of traffic reduction for a particular downlink
beam for a terminal can be determined. Note the amount of traffic reduction or increase
will be different for different terminals. The loading from each terminal and the loading
from each virtual circuit do not have to be measured at the on-board switch, they may
be measured at the local terminal by monitoring the past traffic volume. In a sense,
distributed processing is applied to reduce the on-board processor complexit:. When the
terminal receives the congestion control message, the terminal uses its own
measurements to determine the amount of traffic reduction for itself or each virtual
circuit.

5.3.2.2 Average Queue Length

Congestion control is performed by monitoring the output queue length. A threshold
value is established for the average queue length. The threshold value is used to
maintain the system PLR around the desired point (for example 10-9). The threshold
value should be obtained from the PLR curve derived from simulation, experiments, or
queueing analysis. If the average queue length exceeds the threshold value, congestion
is detected. Congestion indication message is sent to the user terminals. When the user
terminal validates that the switch is indeed in congestion, the user terminals applies its
own traffic reduction algorithm to reduce its own traffic. Since the user terminals apply
their own algorithm for traffic reduction, it is a decentralized scheme.
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5323 Mean Queue Utilization

The mean output queue utilization (i.e., the downlink beam mean utilization) can also
be used for congestion detection. In general, 0 < mean queue utilization < 1. The
discussion used for the mean arrival loading is also applicable for mean queue
utilization.

5.3.2.4 Implementation Considerations

To measure the mean arrival loading (OA;), a counter is required at each output port to
count the number of arrival packets. The measurement technique may use jumping
window or sliding window. To measure the mean arrival loading (oa;;), eight more
counters are placed at the output port to count the number of packets arrived from
different uplink beams. Since the packet header only contains the output port
information, the input port address must be included in the packet to make
measurements of oajj possible. The other alternative is to place the counters at the
input port.

To measure the average queue length, the queue length at each output port must be
monitored. The queue length measurement technique may use jumping window or
sliding window. The arrival loading can be derived by monitoring the queue length (and
the packet loss ratio). Define the notation below.

e OA_rate (t): the average arrival rate (pkts/sec) for a queue at time t.
¢ OU_rate (t): the service rate (pkts/sec) for a queue at time t.
* q(t): the queue length at time t.

By collecting q(t) at different instaﬁts, the average arrival rate can be computed.
OA_rate(t) At + q(t) = OU_rate(t) At + q(t+At) + number of loss packets.

Since OU_rate(t) and At are known quantities, the OA_rate(t) can be computed easily.
To implement a flexible testbed which can be used to evaluate different congestion
detection procedures, this method should be considered. The queue length monitoring
result (and the packet loss count) can be fed into a remote processor. Then the remote
processor compute the average queue length and arrival loading (OA;).

5.3.3 Traffic Source Response Procedure to Congestion

In Reference 4-1, it was assumed that only data traffic is subject to flow control, not
voice and video traffic, since voice and video traffic use dedicated carriers and a separate
on-board circuit switch. In this study, an MF-TDMA access scheme and an FPS are
used to provide integrated services for data, voice and video. Clearly an integrated
network must guarantee the QOS for different types of traffic. For example, the packet
delay jitter should be small for voice. For data, the packet loss of the loss-sensitive data
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must be minimized to prevent retransmission. Two bandwidth allocation schemes are
possible for the voice traffic. The first scheme is to allocate a fixed number of slots for
each voice request and the voice capacity can not be shared by data traffic. The second
scheme is the amount of capacity allocated to each terminal is based on the average
aggregate traffic volume. An important issue of the second scheme is whether the voice
packets should be subject to rate-based control. This depends on the specific capacity
request/allocation scheme and voice encoding scheme. In this study, it is assumed that
the voice and data statistically share the bandwidth (for a downlink beam) at the
terminal and the voice is subject to rate-based control.

The capacity is allocated using demand assignment multiple access. The terminal sends
a capacity request to the OBSC or NCC to set up a semi-permanent pipe from the
terminal to the satellite. In this study, it is assumed that the semi-permanent pipe
capacity established is fixed throughout the testing. It is further assumed that the
aggregate traffic generated by different sources will never generate packets more than
the capacity of the semi-permanent pipe. Network congestion is implemented by forcing
the source rates at the terminals approaching, not exceeding the semi-permanent pipe
capacity

The source response procedure to congestion contains four elements: filter, rate-based
control, traffic reduction algorithm, and traffic increase algorithm. To perceive and test
the effectiveness of the congestion control algorithm, it is inevitable that part of the
functionalities of these four elements must be incorporated into the hardware design of
a TG. In a sense, the traffic generator has the functions of both traffic source and
terminal. The filter is to reduce the switch loading oscillation by using various methods
such as validating the congestion messages, increasing the congestion detection time, or
increasing the source response time to congestion. If oscillation is not a major concern,
the filter can be ignored. In this case, the traffic generator responds to every control
message received from the satellite. The rate-based control is to regulate the amount of
traffic entering the network. When the TG receives a congestion message, the rate-
based control will increase or reduce the rate accordingly by applying the traffic
reduction or increase algorithms.

Conceptually, the TG consists of traffic source, rate-based control, and line interface (see
Figure 5-19). The traffic source generates information packets based on some statistical
queueing models. The information packets are stored in the rate-based control queue.
The rate-based control in the TG generates information packet transmission time
events. When the event comes, an information packet is sent out. . The line interface
synchronizes the packet transmission time and inserts idle packets in the packet stream
when there is no packet to send.

The uplink transmission rate is a constant. The information transmission rate is
adaptable based on the on-board switch loading status. The source rate is either a
constant (for example voice) or adjustable (for example file transfer or variable bit rate
video) using flow control. The flow control scheme is used to regulate the source rate.
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Figure 5-19. Configuration of Traffic Generator Incorporating Congestion Control

As discussed previously, the rate-based control may be available on a per satellite basis,
per beam basis, or per dwell basis. If the rate-based control is available on a per
satellite basis, congestion control for the switch is equivalent to congestion control of a
statistical multiplexer. The switch loading is an average of eight output arrival
loadings. If the rate-based control goes down to the downlink beam level, the switch
loading is a vector of eight output arrival loadings. If the rate-based control goes down
to the dwell level, the switch loading is a vector of sixty-four dwell loadings. In this
study, it is assumed that the rate-based control is available on a per beam basis. There
are eight rate-based control in a traffic generator.

There are several alternatives to handle the packets at the rate-based control in case of
congestion. If the traffic source is flow controllable, the terminal should execute flow
control to slow down the traffic. (If the terminal is a gateway itself, the terminal can
reroute the traffic either through another satellite or using terrestrial lines.) If the rate-
based control has buffering capability, the excess packets are queued; otherwise, the
excess packets are dropped. Priority control may be used to guarantee the QOS of the
high-priority packets at the expense of the low-priority packets. Low-priority packets
are dropped before high-priority packets in case of congestion. Since dropping of data
packet will result in retransmission, the data is assumed to have a higher loss priority
than the voice. On the other hand, since voice can only tolerate a few hundred ms delay,
the voice has a higher delay priority than data. One possible tradeoff is to design a
priority control scheme at the user terminal such that the voice can have lower delay
but may suffer higher packet loss ratio.

To minimize the queueing delay of the voice packet, the voice packets are served before
the data packets. It is assumed that voice and data are stored in two separate virtual
queues at the terminal. However, the summation of the length of the two virtual queues
is a constant. The voice packets and the data packets are competing for the buffer
space. To keep the PLR of the data packets low and at the same time to accept as many
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voice packets as possible, there are three possible schemes for packet insertion to the
queue.

1) The number of voice packets in the virtual queue is checked. If the
number is above a threshold, the new arrival voice packets are
dropped.

2) The summation of the length of the two virtual queues is checked. If
the sum exceeds a threshold, the new-arrival voice packet is
dropped.

3) The data and voice packets are accepted into the virtual queues
when the buffer space is not full. When the buffer space is full, a
newly arriving data packet can push the newest voice packet out of
the virtual queue.

In summary, five actions are possible for the TG when the switch is congested. They are
* reduce the information rate

¢ reduce the source rate (by performing flow control or dynamic source
coding rate adjustment).

* queue the data packet (applying priority control)
* drop the voice packets (applying priority control)

* adjust the multiplexing (service) sequence for packets with different
priorities

The ideal combination is to reduce the information rate and the source rate at the same
time; as a result, no packet loss will be experienced. However, the back pressure
scheme for data is dependent on the end-to-end transport layer protocol and the
adaptability of the source coding rate for voice and video may not be available.

Previously both on-line and off-line implementation of dynamic traffic generation are
discussed. The necessary modification of the TG to incorporate congestion control is
discussed below. ’

5.33.1 On-line Dynamic Traffic Generation Considering Congestion
Control

In configuration A, since the workstation generates the packets on line and in real time,
the congestion control message can be fed into the workstation directly (see Figure 5-
20). When the workstation receives the message, the workstation applies the traffic
reduction algorithm and computes a new set of parameter values for the packet arrival
process in real time. This may place a large burden on the workstation since it not only
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Figure 5-20. Traffic Generation Configuration A Considering Congestion Control Alternative |

has to generate packets in real time, it but also has to respond to the congestion control
message and compute a new set of parameter values for the arrival process in real time.

The other alternative is to separate the traffic generation and congestion control into
two entities. This configuration is shown in Figure 5-21. The implementation of the
rate-based control and the synchronization function of the line interface will be
discussed in the next subsection.

Congestion Control

Message
Y
Sun Host-Network |____g] Rate-Based | g Line
Workstation Adaptor Control Interface
« Traffic Model » Segmentation « Traffic Increase « |die Packet
* Packet Generator « Traffic Decrease Insertion
Traffic Generator *FEC

Figure 5-21. Traffic Generation Approach A Considering Congestion Control Alternative "

In configuration B, the burst traffic profile format is computed in advance. When
congestion message is received, the parameter value of the burst traffic profile format
must be updated. One possible implementation is described as follows. There is an
offset register used to dynamically adjust the number of idle packets transmitted based
on the switch loading status. When there is no congestion, the offset value is zero. The
processor generates the number of idle packets based on the burst traffic profile. When
the switch is congested, the processor board not only has to generate the number of idle
packets specified in the burst traffic profile, it but also has to generate the number of
idle packets specified in the offset register. The configuration is shown in Figure 5-22.
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The other alternative is to separate the traffic generation and the source response
procedure to congestion into two different entities. This configuration is shown in
Figure 5-23. The implementation of the rate-based control and the synchronization
function of the line card will be discussed in the next subsection.
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Hardware || Rate-Based |__ . Line -
Board Control Interface
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* Traffic Decrease ~ * FEC

Traffic Generator

Figure 5-23. Traffic Generation Configuration B Considering Congestion Control Alternative Il

533.2 Off-line Dynamic Traffic Generator Considering Congestion
Control

Remember that the file format alternative I is to replicate the complete profile of the
traffic pattern. The TG sends out the packets in the file using the uplink rate. There
are eight rate-based control, one for each downlink beam. At the rate-based control, the
packets are sent out using the assigned information transmission rate. The rate-based
control is responsible for rate reduction, packet queueing, packet dropping, and rate
increase. When the network is not congested, the summation of the information
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transmission rates of different rate-based control is the same as the uplink transmission
rate. During the congestion period, the TG will execute the congestion response
procedure; as a result, the information transmission rate for the particular downlink
beam is reduced. Since the rate-based control sends out the information packets in a
reduced rate, additional idle packets are generated to fill the gaps in the uplink packet
stream. This is performed by the line interface. Since the rate-based control regulates
the rate of the information packets, the idle packets in the source file are not important.
The idle packets are used to maintain the stochastic nature of the arrival process.

The implementation of different components in the TG is discussed using the enqueue
procedure and dequeue procedure. The enqueue procedure is referred to the insertion of
a packet into the proper location of a queue. The dequeue procedure is referred to the
removal of a packet from the head of the queue. Since the traffic file of the source at the
TG is transferred from the network simulator, the traffic source only has the dequeue
procedure. The source clocks out the information packets in the queue (file) using the
uplink rate. Since the line interface will insert idle packets in the packet stream, the
idle packet is destroyed using a killing circuit before the idle packet enters the rate-
based control. The dequeue procedure implementation is very simple: a RAM and a
counter (to generate the address for read).

The packets coming from the source are distributed to the proper rate-based control
based on the downlink beam ID. There is one queue in the rate-based control. The
queue is shared by voice and data packets. The queue is implemented using two link
lists, one link list is for one traffic type. The rate-based control has both enqueue and
dequeue procedures. The enqueue procedure is to insert the packet at the end of link
list based on the traffic type. When the queue is full, the newly arrival packet is
dropped. Since the voice packet has a delay constraint, the rate-based control always
sends out the voice packet first, if there is any. If no voice packets are in the queue, the
rate-based control sends out the data packet instead. To bound the voice delay, the
number of voice packets can be stored in the queue should be much smaller than that
for data. In this study, it is assumed when the number of voice packets exceeds a
certain threshold, the new arrival voice packet is dropped. (In real operation, a selective
voice packet dropping strategy should be used. The selection depends on the source
[variable bit-rate] coding technique, use of digital speech interpolation, and the voice
regeneration protocol [recovery from packet loss]).

However, giving high priority to voice all the time may cause severe performance
degradation of the data traffic if the voice traffic occupies the capacity (of the semi-
permanent pipe) for a long period of time [3-21]. One alternative is to divide the
capacity between voice and data, i.e., capacity allocation or bandwidth scheduling using
rate-based service discipline. Rate-based service discipline is to allocate a minimum
amount of capacity to one traffic type regardless of the characteristics of other traffic
types [5-6). Capacity allocation can be achieved using circular scan (or round robin)
method. If voice and data have the same priority, the scanning sequence will be circular
such that voice and data virtual queues can be visited alternatively. If voice and data
have different priorities, weighted round robin method should be used. For example,
the voice virtual queue is examined before the data virtual queue in the first M; visits,
and the order is reversed for the next Mg visits. After this, the routine repeats itself.
One scan cycle consists of Mj + Mg visits. Another similar example is to use the (T1,T9)
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scheme [5-7). The voice virtual queue is served for a T; ms or until the voice virtual
queue is empty. Then the data virtual queue is served in the same manner for a T3 ms.
Note that if there is no more packet in the virtual queue during the service period, the
server always switches over to the other virtual queue. In other words, the server is
never idle as long as there are packets in the virtual queue. This is also referred as
work-conserving discipline, which should be adopted when the (satellite) capacity is

precious [5-6]. The voice virtual queue is guaranteed to have at least,‘I.T'I;l.sz of the total

capacity and the data virtual queue Tl—T-::z’l‘_z of the total capacity.

There are two possible dequeue procedures for the rate-based control.

The first dequeue procedure of the rate-based control is implemented using a signal
mechanism. The feasibility of this scheme depends on the frequency of signals. The
signal is generated using a counter. The local CPU writes the count value to a ping-
pong register. When the count value reaches the count, a signal occurs. When a signal
occurs, the rate-based control sends out one packet in the queue. If the frequency of
signals is beyond the capacity of the CPU, then instead of sending a packet, a block of
packets can be sent . The line interface is to maintain the uplink synchronization. The
line interface has both enqueue and dequeue schemes. The enqueue procedure is to
insert the arrival packets from eight different rate-based control at the end of the queue.
The dequeue procedure is implemented using a counter. The address generated by the
counter reads out the packets in the queue. If no packet is available, idle packet is
inserted in the stream.

The second dequeue procedure for the rate-based control is to use the departure
sequence number (DSN) [5-8). Each arrival packet is assigned a DSN. The assigned
DSN is the transmission time for the packet at the rate-based control. The DSN
assignment is performed on each rate-based control. Let us focus on the rate-based
control 0. Assume the uplink rate is 8 packets per sec and the initial rate for rate-based
control O is 1 packet per sec. The first arrival packet to rate-based control O is assigned
the DSNy. DSNy is equivalent to the current time. The time unit uses uplink packet
transmission slot time. The uplink packet transmission slot time is 0.125 sec. The
advantage of using the uplink transmission slot time as the time unit is that the
number can be represented by an integer, which can be implemented by a counter.
Assume the first packet arrival time is 0.25 sec. Then the DSNj is 2. The subsequent
packets will be assigned a DSN according to the following equation: .

DSN;,1 = max {real time, DSN; + information packet transmission slot time}.

In this example, the information transmission slot time is 8 times the uplink packet
transmission slot time.

Assume the second packet arrives at the rate-based control 0 at uplink transmission slot
time 5. Then DSN; is max {5, (2+8)}, which is 10. Assume the third packet arrives at
the rate-based control 0 at uplink transmission time 19. Then DSN; is max (19,
(10+8)}, which is 19. A send queue, where one buffer space corresponds to one packet, is
employed. The enqueue procedure of the rate-based control is to insert the packet to the
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corresponding buffer location according to the DSN. For example, a packet with DSN 2
is inserted at buffer location 2. If priority control is required, the DSN assignment has
to consider the priority (see Figure 5-24). The priority of the packet is combined with
the DSN into a new DSN. The new DSN is still the transmission time for the packet at
the rate-based control. For example, the new DSN of a voice packet with a DSN 2 is 2.
The new DSN of a data packet with a DSN 2 is 128+2. The new DSN will be reset at a
fixed interval such that the buffer space can be reused. The new DSN is bounded by a
threshold value. If the new DSN exceeds the threshold value, the packet is dropped.
For example, assume the voice DSN is bounded by 128. If the voice DSN exceeds 128,
the voice packet is dropped. The dequeue procedure is to read the packet in the queue
based on the location of the packet in the queue. The enqueue procedure of the line
interface stores the packets in a single queue. The dequeue procedure of the line
interface sends out the packet in the queue using the uplink rate.

DSN Assignment
Rate-Based
Control 0 Send Queue \
| ]
Line
. interface
]
Rate-Based
Control 7 Send Queue

Figure 5-24. Send Queue is Associated with Each Rate-Based Control

The alternate implementation is to have only one send queue for different rate-based
control (see Figure 5-25). The rate-based control assigns a DSN for each packet. The
DSN and the priority of the packet is combined into a new DSN. The new DSN is used
as the packet transmission time. The packets are stored in the queue based on the
transmission time. The new DSN value will be reset at a fixed interval such that the
buffer space can be reused. If two packets have the same transmission time, one packet
is shifted to the next buffer location. The TDMA synchronization reads out the packets
in the queues using the uplink rate. If there is no packet in a buffer location, an idle
packet is sent out.

The implementation of the rate-based control and line interface for file formats II, III,
IV, V and VI is similar to that for file format I and will not be discussed here.
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Figure 5-25. Send Queue is Shared by Eight Rate-Based Controls

If the information rate and the source rate can be reduced and increased at the same
time, the functions of the rate-based control and the synchronization function of the line
interface can be merged with the traffic source. The traffic source only has the dequeue
procedure. Since the rate-based control is exercised on a per beam basis, the traffic
source file is organized into eight different records, one record is for one downlink beam
traffic (see Figure 5-26).

Beam 0 Traffic Record

Beam 1 Traffic Record

Figure 5-26. Modification of File Format to Accommodate Congestion Control when Source
Rate and Information Rate can be Changed at the Same Time

The source response procedure to congestion for file format I, II and VI are discused
first. File format I consists of idle and information packets. File format II consists of
the idle and information packet headers. File format VI consists of the busy/idle status.
The file is organized into 8 records, one record is for one downlink beam. File format I is
used as the representative for the following discussion. The traffic source only has the
dequeue procedure. A counter is used to read the corresponding packets at a record.
When the network is congested, the packet are read out from the traffic file in a reused
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rate and idle packets are inserted at fixed locations of the packet stream. In other
words, the control action at the traffic generator when the network is congested is to
enlarge the packet interarrival time. The configuration is shown in Figure 5-27.

. Rate a
Traffic Uplink Packet Stream
File
Rate b
Idie Packet
Insertion

Figure 5-27. Traffic Generation Configuration B Considering Congestion Control

The counter reads (a x uplink transmission rate) pkt/sec from the traffic file and also
inserts (b x uplink transmission rate) idle pkt/sec in the stream. Note there are both
information packets and idle packets in the source file. The sum of a and b is equal to 1.
The values of a and b are adaptable based on the satellite congestion status.

An example is given below. Initially, the TG generates traffic which results in switching
loading of 0.9. No idle packets are inserted. In this case a = 1 and b = 0. However,
there are 10% of idle packets in the traffic file. Then the the traffic loading for beam 1 is
changed from 0.9 to 0.95. In this case, there are 5% of idle packets in the traffic file. To
reduce the switch loading to 0.9, additional of 5.3 % of idle packets must be generated
(i.e., b=0.053). The derivation for a and b is shown below.

095xa _
0.05xa+095xa+b ™

a+b=1.0.

0.9,

Therefore, a = 0.947 and b = 0.053.

These idle packets are inserted at fixed locations of the packet stream. The locations of
the idle packets can be determined using table lookup and a counter. When the count
matches a value in the lookup table, an idle packet (or a group of idle packets) is
inserted at the packet stream. Different lookup tables are used for different values of b.
These tables are pregenerated. Clearly, due to the generation of additional idle packets,
the queueing delay of the information packets in the source file becomes longer. The
queueing delay can be measured by computing the difference of arrival time stamp and
the departure time stamp. Although this scheme has packet queueing capability, it has
no priority control and packet dropping capability.

For file formats III, IV, and V, eight timers are used to generate signals to transmit
information packets to the corresponding downlink beam. The value of a timer depends
on the congestion status of the corresponding downlink beam. When the switch is
congested, the timer value is increased. When a timer expires, the current time is
compared with the time stamp of the next information packet header in the
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corresponding record. If the current time is larger than the time stamp of the packet,
the information packet is transmitted out. If the current time is smaller than the time
stamp of the packet, it means the packet has not actually arrived yet; therefore, an idle
packet should be generated. Although this scheme has packet queueing capability, it
has no priority control and packet dropping capability.

For file format VII, the arrival times of the packet are not taken into consideration.
Clearly, the arrival process of the packets can be assumed to be random. Since only a
pool of sample information packet headers are available, to approximately represent the
real traffic, idle packets are inserted at fixed locations of the output packet stream. For
example, using an 8-bit counter, the number of idle packets which can be inserted in 255
packets is from 0 to 255. The number of idle packets, which should be generated, is a
design decision. If there is no idle packet, the link utilization is 100% and the network
is congested quickly. When the network is congested, then the number of idle packets
which needs to be inserted is increased. To maintain a link utilization of 0.9, the
number of idle packets which should be inserted should be about 26 packets. Inserting
more idle packets is equivalent to reducing the information transmission rate. This
scheme is the most unrealistic, but is has the simplest hardware. Although this scheme
has packet queueing capability, it has no priority control and packet dropping
capability.

5.4 Recommendation

Depending on the consideration factors, the recommendation for implementing the
traffic generator will be different. A general comparison between the on-line and off-line
approaches is provided in Table 5-9.

Table 5-9. Comparison between On-line and Off-line Traffic Generation

storage complexity preprogramming selectable traffic cost

time patterns
on-line low high small few high
off-line high low large all low

The first option is to use off-line dynamic traffic generation. Although the off-line
approach is software-intensive, it has the advantages of low cost and flexibility of using
any source queueing model. Two file formats are desirable. File format II requires the
least amount of hardware; the packet arrival time and its associated header are
pregenerated for the entire testing duration. File format VI has the least amount of
memory requirement. The busy/idle status is pregenerated for the entire testing
duration and only a small amount of sample packet headers are pregenerated. To select
a packet from the sample packets, a random number is generated and inverse transform
technique is applied to select a unique sample packet. Congestion control is achieved by
inserting idle packets in the packet stream such that the packet interarrival time of the
traffic file can be enlarged.

-118 -



The second option is to user on-line dynamic traffic generation. Although the on-line
approach is hardware-intensive, it has the advantages of little programming time and
flexibility of changing the traffic characteristics in real time. The hardware to generate
the packets can be either a workstation plus the host-network interface or dedicated
hardware board. Congestion control is achieved by computing a new set of parameter
values for the packet arrival process in real time.

5.5 Other Implementation Considerations

5.5.1 Transmission Link Emulation

To measure the end-to-end QOS, the impairment due to the satellite links needs to be
taken into consideration. The satellite links generate two types of distortions: bit error
and delay. The links generate random bit errors and bursty errors (if convolutional
coding is used). The links also generate a constant propagation delay (from the terminal
to the on-board switch) of about 0.135 sec.

There are two alternatives of emulating the transmission links (TLs). The first is to
build a real TL circuit. The circuit is interfaced with the TG and the switch. The TL
circuit introduces bit errors and delay to the arriving packets. This alternative is suited
for on-line real time traffic generation. A simple way of introducing bit errors is to
toggle a bit in the packet every N cycles.

An on-line pseudo packet transmission link module, which introduces loss and delay, for
an ATM switch testbed was described in Reference 5-9. The pseudo packet transmission
link module was used to emulate the transmission link characteristics. This pseudo
transmission link module not only can introduce bit errors in packet or packet losses, it
but also can introduce constant and variable delay for different connections. This link
module can be used to emulate the satellite links and perceive the impairments of the
links to the performance of real traffic such workstation traffic and LAN traffic.
Currently, ADTECH SX/13 data channel simulator, which operates at 51.84 Mbit/sec, is
available in the market.

The second is to introduce bit errors off-line. The network simulator can be
programmed to generate bit errors based on the selected error distribution. Another
(virtual) testing field is used in the packet header to indicate the number of bits is
errored and the bit positions. Due to the error bits in the packet header, the packets
may be routed to the wrong destination or may be discarded at the destination. To
introduce a fixed end-to-end delay is quite simple. The TG will not generate traffic for
0.135 sec after the testbed starts running.

5.5.2 Feedback Traffic Generation

To perform congestion control, the network controller must generate congestion control
messages on-line and in real time. However, since the frequency of sending congestion
control messages is very infrequent, the hardware complexity is low. A pseudo delay
element of 0.135 sec is required to insert between the TG and the network controller. In
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general, the delay element is implemented by a RAM. The pseudo delay element can be
a separate unit or be part of TG or network controller. Since the network controller is
responsible of generating congestion control messages, it is easier for the network
controller to introduce the delay. The network controller holds the message for 0.135
sec before it sends out the message.

The network controller broadcasts the congestion control message to all the output
ports. There are two alternatives. The first is the OBSC sends the message through the
local bus to the output port. The output port is programmed in such a way that the
message is always inserted at a fixed location in a multiframe structure. The second
alternative is that the OBSC participates output contention to send the message to all
the output ports. The measurement results can be stored in registers of the output port.
The OBSC can use a local bus to access the register information in individual output
ports.

5.56.3 Packet Receiver Measurements

To analyze the performance of the switch, the characteristics of the traffic sources, and
the effectiveness of the congestion control algorithms, different measurements have to
be performed at the switch and the packet receiver. The measurements include

a) packet interarrival time
b) number of packets in a given interval
¢) index of dispersion for counts
d) index of dispersion for intervals
e) number of loss packets for each priority
f) number of misinserted packets for each priority
g) total number of packets for each priority
h) packet switching delay (jitter) for each priority
i) packet end-to-end delay (jitter) for each priority
j) congestion control detection time
k) congestion control response time
1) congestion control recovery time
The packet interarrival time can be used to calculate the first two moments of the

packet arrival process and used in the time comparison fitting algorithm discussed in
Section 3. The number of packets in a given interval is required in the number
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comparison fitting algorithm. The IDC and IDI can be used to characterize the packet
arrival process. The number of loss packets and the total number of packets can be used
to calculate the packet loss ratio. The distinction for packet loss due to errors,
congestion at the satellite, or rate-based control at the traffic generator should be made.
The total number of packets can be used to calculate the switch throughput. The packet
switching delay can be used compute the mean average transfer delay and delay jitter.

The output traffic profile can be used to analyze the relationship between the output
traffic pattern and the input traffic characteristics. The queue length should be
measured at the output queue.

5.6 Commercially Available Traffic Generator

A survey of the available traffic generators is presented.

5.6.1 Microwave Logic PacketBERT-200

The PacketBERT-200 is a pattern generator with error injection capability and a
pattern receiver. The generator can be operated from DC to 200 Mbit/sec. The data
field (the packet payload) and the overhead field (the packet header) are user
programmable. The data field can also be pseudo random bit sequence. Two separate
RAM:s are used to store the (prespecified) data field and the overhead field. The RAM
size is 64 kbits. However, the sequence of reading the data from the RAM is
deterministic. Although it is equipped with IEEE 488 and RS-232 bus, the bus is used
only for off-line data download.

To be more flexible, a ping-pong data RAM and overhead RAM can be provided. The

contents can be downloaded using the IEEE 488 or RS-232 bus such that different
patterns can be generated rather than repeating the same pattern.

5.6.2 ADTECH ATM Cell Data Generator
The ATM cell data generator can generate up to 16 independent links. Each link may
consist of multiple VPIs and VCIs. The arrival queueing model for one channel can be
selected from one of the following models:

1. single manual: using keyboard to trigger a single cell.

2. burst manual: using keyboard to trigger a single burst of cells

3. single periodic: single cell arrivals with a fixed period from 2 to 224
cells.

4. burst periodic: cell bursts with a fixed period from 2 to 224 cells and
a burst length of 1 to 216 cells.
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5. single Poisson: single cells arrivals following the Poisson
distribution.

6. burst Poisson: arrivals of bursts following the Poisson distribution
and a burst length of 1 to 216 cells.

Each output link is a multiplexed stream of up to 7 different channels. The cell
generator can hold up to 112 user-programmable cells (header and payload) and HEC
errors. Each channel can select one of the 112 cells.

A cell generator with SONET interface, four output links and each running at 155.62
Mbit/sec is priced for $41,700.

5.6.3 HP 75000 Series 90 ATM Analyzer

HP announces a complete set of testing equipments for ATM. They can be used to test
the physical layer, the ATM layer, and the AAL layer.

The HP E1691A ATM Generator generates cells with a rate of 149.76 Mbit/sec. The
Generator can generate up to nine virtual channels. The cell header and payload are
user programmable. The cell arrival distribution for each channel can select one of the
following models:

1. single.

2. periodic.

3. single burst: a burst size of 1 to 8 cells.
4. periodic burst: a burst size of 1 to 8 cells.

The maximum payload size for AAL type 1 is 8 cells and for AAL type 2 is 16 cells. The
Generator has error injection capability.

The ADTECH and HP traffic generators are very specific to ATM applications.
Although the Microwave Logic traffic generator can generate packets with any size, it
does not have the capability of generating traffic pattern following a certain statistical
distribution.

Based on the high-level functional specifications for the TG, the configuration of the

FPS test bed along with development support modules is shown in Figure 5-28. The
functional requirements for each module are described below.
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Figure 5-28. Functional Block Diagram of Testbed

5.7 Testbed Configuration

5.7.1 Network Simulator

The network simulator is the user interface to the testbed. The network simulator is
responsible for traffic file generation and testbed configuration file generation. Both of
the traffic file and configuration file can be saved for later use. It implements the
generic traffic generator algorithm. Users choose the proper source queueing models for
each TG or they can manually create the traffic file. Users also configure the testbed
and define the performance measurement parameters. Users may want to collect all
the measurements or select only a subset of the measurements. The testing duration
can be either manually controlled (such as start and stop) or programmed. After the
required parameter values are entered, the program will be running for a specified
duration. The output of the program will contain traffic profiles for eight TGs. The
duration of a traffic profile must be larger than the test duration for performance

- 123 -



measurement. Then the network simulator downloads the traffic profiles to the
respective TG. '

5.7.2 - Traffic Generator

The TG takes the traffic profile from the network simulator as input. All eight TGs are
synchronized so that they can start generating packets at the same instant. Then the
TG generates electronic packets in real time based on the traffic profile.

The TG will respond to the congestion message received from the network controller.
When the switch is congested, the TG will execute the traffic reduction algorithm.
When the switch is underutilized, the TG will execute the traffic increase algorithm.

5.7.3 Network Controller

The function of the network controller is to communicate with different modules in the
testbed and verify the testbed operation. At the beginning of the test, it receives the
configuration file from the network simulator and performs hardware initialization and
parameter setting. For example, it accepts the input parameters for the congestion
detection algorithm. It synchronizes all the modules in the testbed. It initializes the
packet receiver so that the measurement data can be collected. At the end of testing,
the measurement data will be downloaded to the network simulator for performance
analysis. When it receives the switch loading from the switch, it performs congestion
detection algorithm. The algorithm translates the switching loading into a congestion
message, which contains the traffic reduction/increase information. It is desirable if the
network controller can display the measurement data on line and in real time.

5.7.4 Packet Receiver

The function of the packet receiver is to ack as a packet sink, perform measurements
and store data. The measurement should be performed for each VCN. The performance
measurements include switch loading,number of lost packets, bit errors on packets,
packet delay, packet delay jitter and misinserted packets. The arrival packets are
stored in an output file for postprocessing. It is desirable the users can specify the
number of packets to be captured for a particular VCN or for the entire packet stream.
The start of capture can be triggered by the user manually or by an event defined by the
users. The possible events are the number of errored packets exceeds a limit or the
delay jitter exceeding a limit.
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Section 6
Conclusion

There are several traffic models that have been widely used in the past to test
telecommunications equipment and terrestrial/satellite systems. A difficulty arises in
adopting a particular model to emulate various types of live traffic. Traffic types
radically vary according to telecommunications services (voice, stream data, interactive
data, low/high speed video, image), user communities (service industry, manufacturing,
banking, hospitals, etc.), and communications media (e.g. terrestrial, fized satellites,
and mobile satellites). Even within a very small aperture terminal (VSAT) network,
traffic characteristics vary from one service application to another. Therefore, flexibility
to generate different types of simulated traffic becomes most important in designing a
traffic generator.

Among the several alternatives investigated in this report, the Markov-Modulated
Poisson Process (MMPP) is one of the most flexible models and is recommended for
implementation. This model can generate a mix of circuit and packet switched traffic
and has also been widely accepted as a better model for emulating real traffic. With
proper selection of parameters, the MMPP degenerates to a Poisson process as a special
case. Although the MMPP model provides flexible traffic emulation, the traffic
generator should be designed to allow accommodation of other models to emulate
user/service specific traffic scenarios.

Congestion is an inherent characteristic of a packet switched system and requires a
proper control mechanism to avoid performance degradation. A tradeoff exists between
the size of on-board buffer and the switch performance (i.e., a throughput, packet loss
ratio, delay, and delay jitters). Although analytical as well as simulation results have
been presented in the previous studies (Task Order #2 and SCAR BISDN study), this is
a complex issue and will be most effectively handled using a testbed facility. Real time
operation with flexible traffic models will emulate the operational system and will
provide more realistic results on the effectiveness of a selected control algorithm. The
report includes design guidelines for selecting proper traffic simulator parameters to
perform congestion control experiments.

A traffic generator may be implemented using one of two approaches. The first
approach uses hardware to generate packet arrival times according to a selected traffic
model. The second design approach utilizes a separate workstation to generate a traffic
profile off-line (arrival times) according and implements packet multiplexing and
transmission functions in real time in the traffic generator. The hardware-based system
is more complex but allows real-time operation of a traffic generator to emulate various
traffic flow scenarios. The software-based system is more flexible and possibly lower
cost to develop. However, traffic profile generation for different traffic patterns may
take significantly more time than the hardware-based system (in the order of several
hours).
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In response to a congestion control message, the traffic generator dynamically controls
its output by increasing or decreasing the inter-packet transmission time. The network
controller performs processing of switch congestion status messages, implements a
congestion control algorithm, and generates control messages for the traffic generators.
In the operational system, these functions may be incorporated into the user terminals.
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